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Electronic Communication Techniques is intended to bridge the gap between circuit design and 
the system concepts that predetermine circuit requirements in particular applications. The results 
of theoretical research are combined with engineering principles, design equations, charts, and 
tables for those of us who will design and produce hardware and software. The mathematics 
level is typical of that used by engineering practitioners, with calculus rarely employed and trans- 
form techniques avoided. 

Enough circuit detail and topical coverage has been included to provide material for two or 
even three courses in analog and digital technology, depending upon the depth and pace desired. 
Use In a one-term course is also feasible, as will be shown shortly. Any sequence of topics may 
be selected as needed for a particular program. The particular topical sequence found herein is 
as follows: 

The tuned-circuit review and the amplifiers of chapter 1 provide continuity with previous 
courses. There is more material on low-noise amplifiers and saturation characteristics in the 
receiver circuits chapter, 7. RF oscillators in chapter 2 are considered as stable tuned-amplifiers 
with well-defined feedback arrangements. Oscillators also provide the carrier signal for subse- 
quent modulation in transmitters. 

Understanding the frequency domain and the signal spectra of common periodic waveforms 
in chapter 3 precedes the discussion of noise fundamentals in chapter 4 and analog communi- 
cation in chapter 5. Other aspects of noise—noise figure, noise temperature, and signal-to-noise 
ratio—are introduced in the context of their effects on analog receivers in chapter 5 and in their 
Statistical nature as it affects transmission error in pulsed and digital data systems in chapter 13. 
The continuous information signals discussed in chapter 5, along with the digital information 
signal discussion of chapter 12, constitutes a broad overview of information theory from a non- 
statistical perspective. | 

Chapters 6, 7, and 9, as well as 1 and 2, provide most of the analog circuit analysis and 
design component of the textbook. The circuit details may be skipped by those who have time 
only for system-level concepts. Chapters 5, 8, and the first five sections of chapter 7 provide 
coverage for receiver systems and AM/AM-sideband communication. 

Chapter 8 completes the system-level discussion of amplitude modulation begun in chapter 
9. In addition to various sideband systems, chapter 8 includes frequency division and quadrature- 
multiplex concepts. Chapter 9 covers frequency- and phase-modulation circuits and systems. 
The voltage-controlled oscillator and phase detector of chapter 9 are combined to produce the 
phase-locked loop of chapter 10. Phase-locked loop applications in communication and instru- 
mentation are so widespread that a full chapter is devoted to them. The most successful ap- 
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proach is to present PLL basics (through section 10-2) in an introductory communications 
course, then loop dynamics with FSK and synthesizers in a later course. 

AM, FM, and PM basics are the same today as they have always been, but they will be 
implemented in digital form as ASK, OOK, FSK, PSK, and compound modulations such as QAM. 
Chapters 11, 12, 13, 17, and 18 address these topics, with 11 and 12 forming the conceptual 
bridge for the applications in 13, 17, and 18. 

Chapters 14, 15, and 16 provide a traditional survey of transmission lines and waveguides, 
antennas and propagation, and television. Chapters 17 and 18 extend this survey with circuit and 
systems technology for digital radio, space, and optical communication links. 

A one-semester survey of communication transmission techniques might use the following 
outline (by chapter numbers): 4—Elements of Noise; 5—Modulation and AM Systems; 6— 
Transmitter Circuits, section 6-5 on AM Modulator Circuits; 7, through section 7-3 on Receiver 
Circuits; 8—Sideband Systems; 9—Frequency and Phase Modulation; 10, through section 10— 
2 on Phase-Locked Loops; 11—Pulse and Digital Modulation; 12, through section 12—7 on Digital 
Communication; 13——-Data Communication; 14—Transmission Lines and Waveguides; 15—An- 
tennas and Propagation; 17, section 17—1 on Modems and Digital Modulation Techniques (Multi- 
level PSK and QAM); 18—Fiber Optics. 

A one-year, two-course sequence could be structured as follows: 

COURSE 1, Electronic Communications (4 hours) 
Chapters 1, 2, 3, 4, 5, 6, 7, 8, 9, 10. 

COURSE 2, Digital, Satellite, and Optical Communications (4 hours) 
Chapters 11, 12, 13, 14, 15, 16, 17, 18. 

If there is one course devoted to Systems and a second course devoted to Circuits, you 
might need to skip around a little more (moving chapters 6, 7 and 9 to the second course, for 
example). This book was written to allow just such a separation if desired by keeping systems 
and circuits coverage in balance. | 

Knowledge is cumulative. It is not based on each person’s reinventing everything that is 
known, but rather on accumulating what has been learned in the past, synthesizing new ideas 
from old formulas and principles, and creating completely new insights. | hope elements of all 
three can be found in these pages, and | want to acknowledge the contributions of all those 
whose work has added to my understanding of the various topics in this book. 

| also want to thank all those who reviewed the manuscript, especially Michael Chamberlain, 
David Leitch, and my friend’ and former colleague at City College of San Francisco, Dr. Joseph 
Wakabayashi, whose suggestions materially improved the final manuscript. | also acknowledge 
the support within the Department of Electronics and Computer Technology at Arizona State 
University, particularly the chairperson, Dr. Thomas A. Kanneman. 

| would like to thank these companies for providing diagrams and specification sheets for 
this book: National Semiconductor; Motorola Semiconductor Products; RCA, Solid State Division, 
J. W. Miller Company; Cubic Communications (my former associates); Hewlett-Packard; AT&T; 
Western Electric; ITT; IBM; DEC; and AMI. 

Finally, | am grateful to my former associates at Cubic Corporation in San Diego, where ten 
years helped me gain the insight that real understanding comes from experience rather than from 
a textbook. 
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Introduction 


Most of the information being communicated over 
electronic networks falls in a frequency range 
below 4 MHz. The information is found in discrete 
and continuous form. However, the transmission 
facilities and circuits are primarily analog (that is, 
continuous) and can usually be characterized by 
radio frequency (RF) sinusoids. 

Below microwave frequencies (about 1000 
MHz), passive circuit components come in typical 
packages—resistors, capacitors, and inductors. 
These are called /umped-element components. 
This text emphasizes circuit design and analysis 


with lumped-element components. Because these 
components become physically too small at micro- 
wave frequencies, “‘distributed-element’’ design 
characterized by transmission-line theory must be 
used at microwave frequencies. Transmission-line 
techniques are deferred until chapter 14. 

Since communication systems and circuits 
can be characterized by their response to sinusoi- 
dal signals, the study of electronic communication 
techniques begins with a review of impedance con- 
cepts and complex impedance algebra. 
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IMPEDANCE REVIEW 








The voltage drop across a resistance R due to any 
current / is directly proportional to the amount of 
current, Ve = JR. As simple as this is, it will serve 
you well to remember that any current waveform 
iN a resistor will produce the exact same voltage 
waveform across the resistor. The same does not 
hold true for inductors and capacitors. For an in- 
ductor, the voltage drop is directly proportional to 
how fast the current is changing with time, v, Oc 
ai/dt. A constant of proportionality L is used to 
equate voltage and the rate-of-change of current. 
Thus, 


v, = L di/dt (1-1) 


where the inductance L is entirely determined by 
the physical properties and materials of the 
Inductor. 

A sinusoidal current / = / sin 27ft will pro- 
duce a voltage drop across the inductor of 


A! sin 27 ft) 
at 
= L(2rfl cos 2rft) = 2rfL(/j sin 2x ft) 


vy = Ld/dat=L 


where / indicates the 90° phase relationship be- 
tween cosine and sine. The result can be written 
as 


V, = f2arftLi 
or v,/i, = jX, 


where X, = 27fL (1-2) 


is called the reactance and has the same units as 
resistance—Ohms. 

A similar derivation can be performed for a 
Capacitor in which the current-voltage relationship 
IS 


i, = C dav/at (1-3) 


The constant of proportionality C, the capacitance, 
is entirely determined by the physical properties 
and materials of the capacitor. The result of the 
derivation for a sinusoidal current or voltage yields 


Vi, = 1/j2rfC = —jXc 


where Xc 1/2a fC (1-4) 
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is the reactance, in Ohms, for a capacitance of C 
Farads to a sinusoid of frequency f (Hertz). 

Much computation time may be saved by 
recognizing that a sinusoid has a continuous 
change of phase of 2m radians for every cycle, so 
that 2af = w describes the angular frequency in 
radians/second and equations 1-2 and 1-4 can be 


written compactly as 


and X, = 1/(wC) (1-6) 


for sinusoid signals. 
Series Circuit Impedance 


Series circuits are most easily handled by summing 
the complex reactances to determine the imped- 


EXAMPLE 1-1 
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ance. As an example, the circuit of Figure 1-1 Is a 
series combination of r, X,, and X,, with an imped- 
ance given by Z = r + jX, — JX,. This can also 
be written as Z = r + JX, where X is the net 
reactance as seen in Z = r + j(wlL — 1/wC) = 
r+ j(2afL — 1/2mfC). A lot of algebra is saved 
and familiarization with impedance concepts 
gained by computing the individual reactance val- 
ues in Ohms once the frequency of interest Is 
Known. 


2S 


FIGURE 1-1 Series circuit. 


The series circuit of Figure 1-1 has the following component values: r = 
10Q, L = 10 wH, and C = 100 pF. Determine the impedance Z, the current 
for V, = 10 Vrms*, the resulting voltage dropped across the capacitor, and 
the power dissipated by the circuit—all at f = 5.5 MHz. 


Solution: 


1. At f= 5.5 MHz, w = 27(5.5 MHz) = 34.6 M rad/sec, X, = wl = 
345.6 Q, X, = 1/wC = 289.4 Q. Hence, Z = 10 + /340.6 — 


j289.4 = 10 + j56.2 = 57.1 Q /80° where |Z| = 


and @ = tan~' (X/r) as diagrammed in Figure 1—2. 


6 =tan !'X/r 





FIGURE 1-2 /mpedance diagram. 
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2. 1 = WZ = 10 V/57.1 80° = 175 mA /—80°. The phase angle 6 
= —80® indicates that the current lags the applied voltage (or the 
voltage leads the current) for this essentially inductive circuit. 

3. ¥ = IX. = (175 mA /—80°) (289.4 Q (—90°) = 50.6 V /—170°. 

4. The power dissipated in the circuit is that lost in the resistance. P. = 
ir = (175 mA)? 10Q = 306 mw. 


“All ac voltage and current values are RMS unless specified as peak (pk) or peak-to- 


peak (pk-pk). 
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SERIES RESONANCE 





The impedance for the circuit of Figure 1-1, Z = 
r + j(X, — X,), has its minimum value at the fre- 
quency which causes the reactive components to 
cancel each other. This condition, called reso- 
nance, leaves a purely resistive impedance, Z = r. 





Solution: 






10 Q. 


3. Vv, = IX, 


DS 
_U 
II 
wa 
| 


For a series LRC circuit, the current reaches a max- 
imum at resonance—it is limited only by the circuit 
resistance. At frequencies above and below the 


EXAMPLE 1-2 Series Resonance 


The series LRC circuit of example 1-1 has component values of r = 10 Q), 
L = 10 wH, and C = 100 pF. Determine the frequency for which resonance 
occurs, and repeat the calculations of example 1—1 at resonance. 


Resonance occurs at w, = 1/V(10 & 107§)(100 & 107%) 


= 31.6 M rad/sec, f, = 5.03 MHz. 
1. X, = wl = 316 Qand x, = 3162. Z = 10 + (316 — /3162 = 


2. (= WZ = 10V/102 = 1 Amp = | 
| (1 A)—/316 Q) = —/316 Volts, (316 V/—-90°). 
= (1 A)*(10 Q) 


To determine the frequency, set X, = X, or 2m f, 
L = 1/2mf,C. Solving for f,, we get 


f, = 1/2m VLC 
and w, = 1/VLC (1-7) 


To show what a dramatic difference resonance can 
produce, repeat the example above at a frequency 
just 10 percent below the 5.5 MHz used above. 
















max~ 










= 10 Watts. 


resonant frequency, the current is less than the 
maximum, as illustrated in Figure 1-3. 
Another remarkable result of resonance can 


CIRCUIT Q AND BANDWIDTH. 





FIGURE 1-3 Current versus frequency in a series- 
resonant circult. 


be seen from the voltage across the capacitor in 
example 1-2. The voltage dropped across the ca- 
pacitor is 316 Volts (and lags the current by 90°), 
but the voltage applied to the circuit is only 10 
Volts! This is an increase of 31.6 times. The ratio 
of 31.6 is called the Q of the circuit and can also 


be calculated from 316 Q/10 Q, which is 


O 
o Q=X,/r (1-9) 


Q is the ratio of maximum energy stored in the 
capacitor to the energy lost in the resistance per 
radian of RF current. 


1-3 


CIRCUIT Q AND BANDWIDTH 





Inductors store energy in the magnetic field sur- 
rounding the device; capacitors store energy in the 
space between conductors. The energy is stored 
during one-half of the ac cycle and returned during 
the other half. Any energy lost during the cycle is 
associated with a dissipative resistance and gives 
rise to a quality factor, Q. Circuit Q is defined as 
the ratio of maximum energy stored to the amount 


X,/r (1-8) | 


fe) 


lost per ac cycle. The O of a circuit is very impor- 
tant in electronic communications because it de- 
termines the 3-dB bandwidth of the circuit. The 
bandwidth of the overall system will limit the 
amount of information that can be transmitted 
through the system and the amount of noise that 
can enter the system. Bandwidth is calculated 
from Q and the resonant frequency of the circuit 


by 


BW = f./Q (1-10) 


As an example, for the series circuit previously 
analyzed, the 3-dB bandwidth is BW = 5.03 MHz/ 
316:= 159.2 Kaz 

If different values of r are substituted in the 
series LRC circuit, the Q will change (Q = X/r — 
equations 1-8 and 1-9), but the center frequency 
f, will not. This is illustrated in Figure 1-4. If r re- 
mains unchanged but L is increased and C de- 
creased proportionately, the center frequency (f, 
= 1/2 VLC) will remain unchanged but the Q 
will increase (Q = X/r). The curves for v, and v, 
versus frequency will be the same as Figure 1—4, 
and the maximum current, |. = V,/r, will also 
remain unchanged. Figure 1-5 illustrates the res- 
onance curves for current in a constant-r series- 
LRC circuit in which the LC product remains con- 
stant but L/C changes in order to increase Q. 







r small (high Q) 


or vy, 


r large (low Q) 


tp Ve, 


f 


ie) 


FIGURE 1-4 _ Result of varying r in a series- 
resonant circult. 









low L/C (low Q) 


high L/C (high Q) 


F 


oO 


FIGURE 1-5 Current in an LRC circuit with r and 
LC constant, but L/C is varied to change the Q. 
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PARALLEL RESONANCE 








Parallel resonant circuits are used when a _ high- 
impedance, tuned circuit is required. This high 
impedance property is derived for Figure 1-6 with 
an ideal inductor and capacitor as follows: 





Z= 1/Y 
1 1 1 
be eg oe aa 
Ho PX, IX, 
7 {XX POR = IX.R 


—j?X,X,R 
| 2 | 
since —/° = +1andZ, = 7 then 


Z, = as (111) 
"MX, JAN — xX) 

At resonance, X, = X,, and therefore Z, = R. The 

currents in X, (V,/j/X,) and X, are always equal and 

opposite in phase. With no power losses in these 
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two (ideal) components, the parallel LC combina- 
tion requires no additional input current and they 
present an infinite impedance in parallel with FR. 





FIGURE 1-6 Parallel RLC circuit. 


Equation 1-11 can be manipulated into a 
convenient expression for impedance as a function 
of frequency by the substitution of equations 1-5 
and 1-6 as follows: 


_ (wl/wC)R 
(wl/wC) + jR(wl — 1/wC) 
_ R 
1 + JR(wC/wLl\(wl — 1/wC) 
R 


1 + JjR/L(wlLC — 1/w) 


Now substitute equation 1-7, w2 = 1/LC, cross- 
multiply, and bring the common w, out of the 
brackets to get 


R 
ae NR/w,L)(w/w, — w,/w) 


For a parallel resonant circuit, 

Q = A/X,. (1-12) 
With this substitution and w, = 27f,, we have the 
parallel impedance at any frequency f. 


1+ OF, — f/f) ei 


PARALLEL RESONANCE 7 


Note that for frequencies well above reso- |Z| (Ohms) 


R 
nance f » f,, ee eee ee = 
(1 + jOf/f)  (Of/f,) 


—j [(Rf,)/Q](1/f ). The impedance gets more and 
more capacitive (the capacitor becomes more like 
a short-circuit) and decreases with 1/f, so that for 
a doubling of frequency, the impedance is 
cut to one-half. Also, for f <  Z = 
R _ (Rf — | R | 
ft +jol—4/f) (jor) “| (ar) |’ 
which is inductive. A plot of the complex impea- 
ance versus frequency is shown in Figure 1—/, in- 
cluding the magnitude |Z| and phase 0. 








@ (degrees) 
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FIGURE 1-7 Parallel RLC circuit impedance. 
Magnitude |Z| and phase @ versus frequency. 





EXAMPLE 1-3 
A circuit has R = 10k, L = 100 pH, and C = 400 pf, in parallel. Determine: 


1. The resonant frequency and Q. 
2. The impedance at 16 kHz below resonance. 


Solution: 


1. f, = 1/2mrV/(100 X 107*)(400 X 10°") = 796 kHz. 


10 kQ 
2a(796 X 10°)(100 X 107°) 


7(780 kHz) = — yee eee 
2 4-4 j20-[(780/796) — (796/780)] 1 — 0.812 


= 7.76 k /(39.1° = (6 + j4.9) kQ. 


= 20. 





Nonideal Parallel Resonant Circuits , | 
a solenoid or on a toroid (donut-shaped) form as 


Inductors used as tuning coils for radio frequency shown in Figure 1-8. The toroid coil is shown 
(RF) applications are usually wound in the form of wound on a permanent form called the core. Ma- 
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terials used for coil cores can have the same 
permeability as air (u,) for VHF and UHF applica- 
tions. But for HF, and certainly below, ferrite cores 
with w > mw, are used in order to minimize the 
number of turns of wire necessary. Also these coil 
forms give structural support and, more impor- 
tantly, confine the magnetic fields in order to pre- 
vent inductive coupling between separate circuits. 





A. Solenoid 


B. Toroid 


FIGURE 1-8 Tuning coils. (A) Solenoid. (B) Toroid. 


Air core inductors have fairly high-Q values; 
that is, the ratio of energy stored in the magnetic 
field to the /*r power lost is high, on the order of 
200 -300 for 22-gauge wire. The resistive losses 
occur primarily through wire (usually copper) resis- 
tance, including “skin effects’ at higher frequen- 
cies. Skin effect is the tendency for current to 
concentrate near the conductor surface as the fre- 
quency Is increased. Since resistance is inversely 
proportional to the cross-sectional area through 
which the current flows, the effective resistance of 
a wire will increase with frequency. The low fre- 
quency resistance of a wire with radius r, length @ 


£ 
and resistivity 9 is R = a and becomes 
Tr 


— £\/ utp 


(1-14 
2 T 


at RF frequencies due to the skin effect. To reduce 
the skin effect, RF coils are often wound with 
stranded wire called Litz (Litzendraht) wire and 
even hollow tubing for large current-carrying 
Capacity. 

Litz wire is used to give high Q at the lower 
frequencies (below 2 MHz). Each strand in Litz wire 
is insulated from the others, generally with enamel, 
and only at the ends do they make contact. The 
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strands are braided so that any one conductor is 
encircled by as much flux as any other, ensuring 
that all strands will carry equal current. 

Inductors made with cores of ferrite or other 
materials have eddy current and hysteresis losses 
which decrease their Q. Ferrite-core coils have Qs 
in the range of 50-250 if the core is properly cho- 
sen for the appropriate frequency from manufac- 
turer's data sheets. If available, a Q-meter is used 
when winding RF inductors and transformers. Such 
an instrument allows the measurement of the QO, 
inductance L, and the coefficient of coupling be- 
tween primary and secondary windings for trans- 
formers.* Knowing the Q of a coil (Q,), L, and the 
frequency of measurement, the equivalent resis- 
tance in the coil can be calculated from 


r= X/Q, = 2rfl/Q, (1-15) 


The equivalent circuit of Figure 1-9 shows r in- 
series with an ideal (lossless) inductor. 


FIGURE 1-9 _ Series and parallel equivalents. 


When parallel tuned circuits are being consid- 
ered, it is usually necessary to model the coil with 
losses as an ideal inductance and an equivalent re- 
sistance in parallel, R. If the coil Q is greater than 
10, then a simple analysis yields 


f= X,0, = 7a (1-16) 





*See section on Measuring the Coefficient of Coup- 
ling, equation 1-35B. 
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and the inductance remains unchanged. This is also 
illustrated in Figure 1—9. 

The simple analysis is as follows: For X, > 
r, the series and parallel circuits are ae in- 
ductive. If the circuits are equivalent, then Q, 
Q, so that X,/R = R/X;. For essentially inductive 


circuits, X) & X, and R = X;/r = XQ, = rO*. 
Otherwise, 
R= r(1+ Q2) (1-17) 
Q* + 1 
and. ’ =L =e (1-18) 


l—o 


SMALL-SIGNAL RF AMPLIFIER 
ANALYSIS 





Among the myriad uses for tuned networks in 
communication systems, series and parallel reso- 
nant circuits are used at radio frequencies to re- 
duce the voltage and current losses that result 
from series inductances and shunt capacitances. 
Series circuits are used where low impedances are 
encountered, such as in solid-state UHF power am- 
plifiers and for microwave circuits. Parallel reso- 
nance produces high impedance. Below UHF, 
solid-state and vacuum-tube impedances are high 
enough that parallel tuned circuits are used. Shunt 
capacitance in untuned amplifiers will drastically re- 
duce the gain at high frequencies. Parallel reso- 
nance can restore the gain. As an example, the 
common-emitter amplifier is used at RF frequen- 
cies by parallel-resonating the collector circuit and 
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then transformer-coupling to the next stage. The 
gain and frequency response is then determined in 
the same way as for the RC-coupled, low-tre- 
quency prototype except that the collector load is 
a parallel resonant circuit. 

An analysis of the tuned RF amplifier of Fig- 
ure 1-10 is as follows: The input signal voltage v,, 
produces a base current j, = Vs. /A, where A, = 
(8 + 1)r, Resistance r, is the effective dynamic 
resistance of the emitter junction given by = 
V,/I-, where /, is the emitter dc bias current, and 
the junction potential V, varies between 25 and 40 
mV depending on the base-emitter junction ge- 
ometry. Using 26 mV, r, = (26 mV)//, and is re- 
ferred to as 1/g,, in the Hybrid-a model. Collector 
current /, = Bi, adds to the base current to pro- 
vide emitter current i, = i, + ij, = (6 + 1), For 
small signal applications, 8 = 100 so that , > / 
with an error of less than one percent. In any case, 
i, flowing through a collector circuit impedance of 
Z, produces a voltage v, = /,Z, so that the mag- 
nitude of the voltage gain A, is given by 


Vo wa bees = Zs — B | ae 


7 7 Bt+1]r, 


| A,| : 
Vp InRin Fn 


Zoe 


le le 


= & 


with less than 1 percent of error when 6 = 100. 
Including a notation for the phase inversion of a 
common-emitter amplifier, we write 


Ay = — Z,/r, (1-19) 


where Z, is the effective AC impedance from col- 
lector to ground and r, = 26 mV/I, is the transis- 
tor emitter resistance. 





EXAMPLE 1-4 RF Amplifier Analysis 


Determine (1) the output voltage v, for 40 mV input, (2) the maximum volt- 
age gain, and (3) the bandwidth for the Class A (small-signal) tuned amplifier 


of Figure 1-10. 
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BP 


Transformer T1: 
20 wH, Q, = 80 
n,/n, = 12,k = 1 = 


FIGURE 1-10 small-signal ARF amplifier for 
analysis. 


Solution: 


1. The maximum voltage gain will occur at the resonant frequency of the 
“tank” circuit. Tank in this context is an often-used term referring to the 
overall parallel-tuned circuit in which the RF signal energy is stored. With 
very little error (due to the power losses in the transformer), the resonant 
frequency will be 4, = 1/(2% VV LC;), where C; is the total capacitance 
from collector to ground. C; = 2 pF + 3 pF + 100 pF = 105 pF, so 

f, = 1/(2x V(20 X 107*)(105 X 107") = 3.47 MHz. 

The reactance of L is X, = 22(3.47 X 10°20 & 1074) = 
436 Q. R,, = O,X, = 34.9 kQ. The load resistor Ri, is reflected into 
the tank circuit by the turns-ratio squared, so that RZ = (n,/n,)?R, = 
(12)’50 Q = 7.2 kQ. Since the transistor collector dynamic impedance 
r, is not given, we determine the entire tank loading as R’ = R || Az 
Ry = 5 k||7.2 k|]34.9 k = 2.72 k. 

The emitter dynamic impedance r, = 26//-(mA) must be deter- 
mined in order to calculate the transistor voltage gain, A,,. The voltage 
drop across Ryn should be less than 0.1 V, so, ignoring this, Vg =(2 
K(2k + 10kK)]12V =2V. Vy = Ve —~ 0,7 V =2-07 =1.3V 
de. i: = V;/Re = 1.3V/1k = 1.3 mA, consequently r, = 26/1.3 = 
20 2. The input signal generator is ideal (Z, = 0), so the voltage gain 
from base to collector for this common-emitter amplifier is A, = 
—R¢/r, = 2.72 k/20 = 136 with a 180° phase inversion. The input 
40 mV will be inverted and amplified to v, = vz Ay, = (40 mV)(136) 

= 5.44 Volts rms. This voltage is stepped down oe the turns ratio of 

T1to vy = v,(n,/n,) = (5.44 V)(h2) = 453 mv. 
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2. lf the transformer inverts the phase of the primary voltage, then the 
maximum voltage gain of the amplifier is seen to be A, = (A,,) 
(—n,/n,) = (— 136) (—%2) = 11.3 or, in dB, A{dB) = 20 log A, 
= 20 log 11.3 = 21.1 cB. 

3. Finally, the bandwidth is given by BW = #,/Q,, where Q, is the loaded 
or effective Q of the circuit. Q, = R4/X, = 2.72 k/436Q = 6.2 and 
BW = f,/Q, = 3.47 MHz/6.2 = 556 kHz. 





TABLE 1-1 Frequency-range names used in electronics 


eR Nl 


DC  OHz _ Military designations 






















Power frequencies 10—1,000 Hz 


, L-Band: 1-2 GHz 
Ultra high radio NSaUBAEICS (UHF) 300 MHz-3 GHz Band: 9-8-7 Ge 
C: 3.7-6.5 GHz 
~*X: 7-11 GHz 
Super high radio frequencies (SHF) 3-30 GHz Ku: 11-18 GHz 
Ke: 18-21 GHz 
Ka: 26-40 GHz 











Extremely high radio frequencies (EHF) 30-300 GHz millimeter Band 







Heat or infrared 1% 10% — 4.3 X 10" Hz 
Visible light—red to violet 43 xX 10%— 1X 10" Hz 
Ultra violet 1 10" — 6 X 10" Hz 
X-rays 6 X 10° — 3 X 10" Hz 
Gamma rays 3 xX 10% — 5 X 10° Hz 


5 & 10° — 8 X 107' Hz 





Cosmic rays 
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DESIGN 


Circuit design always involves choice and good 
judgement. However, logically developed rules of 
thumb (ROT) can make the design process less 
mystifying. 

For example, a transistor bias scheme with 
excellent temperature stability is shown in Figure 
1-11. Re gives a stabilizing effect to base-emitter 
junction voltage variations and collector leakage 
current variations by providing negative feedback 
for these very slow changes. A typical rule of 
thumb is to set the voltage drop across A; at about 
1 Volt, or approximately 10 percent of the supply 
voltage in typical low-voltage systems. With Vz = 
1 V, Vz will be 1.6—1.7 Volts, depending on the 
amount of emitter current. Then R, and A, are cho- 
sen to divide V,, to establish this base bias voltage. 


R, = V,/l, where |,  10/, is a good rule of 
thumb. This leaves A, to drop the remainder; R, = 
(V,. =< V5)/1.1 bys 


Appropriate bias current is based on the max- 
imum output power P, and power supply voltage 
V... A transtormer-coupled class A amplifier can 
achieve as much as 5O percent collector efficiency 
at full output voltage swing (V,, peak collector ac 
voltage swing). If 10 percent of V,, is used up for 


FIGURE 1-11 Small- 
signal RF amplifier for 
design. 
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V- and the collector saturation voltage, then the 
power supply is supplying © 


Pi, = 0.9 V,,/, (1-20) 


to the transistor collector. With 50 percent effi- 
ciency (7 = 0.5) then P,, = P,/n = 2P, so that 


|, = 2P,/0.9 V,, (1-21) 


As an example, for P, = 10 mW and V,, = 
12 V, l, = 20 mW/0.9 (12 V) = 1.85 mA. Then, 
Re = 0.1(12V)/1.85 mA = 649Q. With the dc 
design thus completed, we turn to the ac design. 

R,, and C,, form a low-pass filter called a de- 
coupling network. The decoupling network pro- 
vides an ac low-impedance point between the col- 
lector circuit and the base (input), as well as circuit 
isolation from the power supply line. A choke is not 
recommended as a replacement for A, because of 
resonances with circuit capacitance. For low- 
power receiver circuits, a typical 100-Q resistor for 
Rg, Will cost you less than a couple tenths of a volt 
of supply voltage to the amplifier. C,, is a bypass 
(BP) capacitor which is chosen for a reactance of 
one order of magnitude (10:1) less than the resis- 
tance it.is to bypass. For example, if the amplifier 
is used at 10 MHz and A,, = 1000, X%, = 100 
so that Cy, = 0.002 mF will do. 

C, is also a BP capacitor that bypasses A, and 
provides a low impedance for the transistor emit- 
ter. For typically: low-impedance receiver circuits 
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with 50-75 Q impedance levels, it is sufficient to 
make X-. an order of magnitude less than the emit- 
ter’s r,. Since r, = 26 mV//,, then X¢¢ = 26 mV/ 
10]. 


C. is a coupling capacitor or dc-block. Its 
value is determined in the same way as a 
bypass except that the reactance should be an 
order of magnitude less than Z,. Hence, X, = 
Z,,/10, where Zi, is the amplifier input imped- 
ance. In computing Z, for RF amplifiers, the 
input capacitance must not be ignored. 

The next steps in the design involve the col- 
lector circuit component values. The design pro- 
cedure for a small-signal amplifier is quite different 
than for a large-signal power amplifier (see chapter 
6). 

For large-signal power amplifiers, the design 
is based on determining the impedance levels that 
provide the required output power and bandwidth 
with maximum efficiency for a given supply volt- 
age. For small-signal amplifiers, the output power 
level is important only in so far as setting a bias 
point capable of maintaining linearity for the maxi- 
mum expected signal. This was considered in the 
dc part of the design. 


EXAMPLE 1-5 
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The collector circuit design can be ap- 
proached in at least three ways. One approach, 
based on a circuit gain requirement, would be to 
determine the required tank impedance at reso- 
nance to achieve the required gain, and then de- 
termine the reactances necessary to provide the 
required Q and bandwidth. A second approach Is 
to determine the output transformer turns-ratio to 
impedance-match the load to the transistor collec- 
tor impedance for maximum power transfer, and 
then calculate the values of L and C to tune the 
circuit with the required Q and bandwidth. 

Another very straightforward approach for 
low-impedance solid-state amplifiers is to design 
for a reactance value of 200-300 (2, then deter- 
mine the transformer turns-ratio, which provides 
the required Q and bandwidth. The gain is set by 
the resulting circuit impedance and transformer 
efficiency. 

The design equations, based on an ideal 
transformer (coupling-coefficient kK = 1, and effi- 
ciency yy = 100%) are X, = 2mfl, xX = 
1/(2rfC), Q = f,/BW, RZ = QX,, and trans- 
former turns-ratio, 


n,p/n, = V Ri/R, 


(1-22) 


Based on an ideal transformer and the schematic of Figure 1-11, design an 
-amoplifier for maximum power transfer at 10 MHz with a bandwidth of 500 
kHz if the transistor has a collector dynamic impedance of 10k. Cg = 15 
DF, Csc = 1 pF, and B,, = 50. Maximum output signal power will be 5.4 
mW in 50 Q, and the power supply voltage is 12 Volts. Collector stray ca- 


pacitance is 3 pF. 


‘i._— 





FIGURE 1-12 AC equivalent input circuit. 





Solution: 


1. 
2. 


|, = 2P,/0.9 V,, = 2(5.4 mW)/(0.9)(12 V) = 1 mA. 

Using the rule of thumb that Ve = 1V, Ae = Ve/i © 1/1 mA = 
1kQ. R, = 1.7 V/10 X 1mA/50) = 8.5 k. R, = 10.3 V/0.22 mA 
= 47k. 

In order to determine an appropriate input coupling capacitor, we need 
to calculate the input impedance level. To determine Z,, we must know 
the approximate voltage gain from base to collector (to get C,). With 


the collector impedance matched, RZ = (\(r,) = 5 k. Then A, = 
Ri/r. = 5k/26 = 192. C, = Coe + (1 + JAC = 15 + 1 + 
192)1.pF = 208 pF. Xo, = [2910208 X 10°4)]"' = 7652. R, 


= (6 + 1)r, & (5126 Q) = 1.33 kQ where the ac beta has been 
assumed equal to 50.* Z, ~ —/76 Q. The coupling capacitor should 
be about C = [27107(7.6 Q)]~' = 2000 pF. 


If the output is to be designed for maximum power transfer, then the 
transformer _should transform the 50 Q load up to match r,. Hence n,/ 
n, = Vr./r, = V10k/50 = 14:1. 
With the collector impedance thus matched, RZ = 5 k. The required 
bandwidth is 500 kHz so Q, = 10 MHz/0.5 MHz = 20 is the tank- 
loaded QO. X, = X, = RZ/Q = 5k/20 = 250 Q. The transformer 
primary inductance should be L = X,/2af = 250/24 X 10’ = 
4 WH. This will be tuned with C = [27250 X 10’]~' = 64 pF. Since 
the collector circuit already has 1 pF + 3 pF = 4 pF to ground, the 
tuning capacitance must be about 60 pF. Typically, a 0.3—10 pF variable 
capacitor would be used in parallel with a 56 pF silver-mica capacitor. 
If desired, the power gain can be calculated as follows: the voltage gain 
from base to collector has been determined as 192. Power gain is volt- 
age gain times current gain, A, = A,A,. The current gain is complicated 
by the amplifier input circuitry. The equivalent circuit is shown in Figure 
1-12. The base current which really produces transistor action ij, = 
Gi,) is shown as jg in Figure 1-12. For our amplifier, Reg = 8.5 k|/47 k 
= 7.2k,A, = 1.3 k (actually closer to about 31 XK 26 = 806 Q) and 
X, = 76.5 @. Clearly, most of the input current to the amplifier, i, wil 
be shunted away by C,,. The amplifier input current is i, = v, [1/7.2 k 
+ 1/1.3k + 1/—/76.5 Q] = 0.0131 Vv, /86°. The current in R,, is ig 
= (v,,)(1/1.3 k) = 0.00077 v,,. Hence the proportion of current to the 
amplification process is /;/i, = 0.00077/0.0131 = 0.059. 

The current gain to the collector will be A, = 0.0598 = 0.059 
X 20 = 1.18, and the power gain will be A, = A,A, = 192 X 1.18 
= 226.6, or A{dB) = 10 log A, = 10 log 226.6 = 23.6 aB. For 
the case of an ideal transformer, the power at the collector will equal 
the power delivered to the load so the power gain for the amplifier at 
10 MHz is 23.6 dB. 


_ *Beta decreases at 6 dB/octave above a cutoff frequency given by f, = 1/[2mBor.( Cor 


+ Cgc)] = 1/[2a(50)(26)(16 pF)] = 7.7 MHz. At fy the current gain is B = B,/\V/2 = 
35.4 and continues down to unity at f the current gain bandwidth product. £ = B ofs 


90 X 7.7 MHz = 385 MHz. In any case, at 10 MHz, 8 & 35 for our transistor. 


COUPLING TUNED CIRCUITS 


FIGURE 1-13 Tuned cascode amplifier. 


The power gain of example 1-5 (part 6) 
points out that the amplifier of Figure 1-11 has a 
problem due to lost current primarily in the Miller- 
effect capacitance at the input. It would be tempt- 
ing to tune-out C,, with a parallel tuned circuit at 
the base of the transistor; don’t yield to this temp- 
tation. The result is almost always circuit oscillation 
which makes the amplifier useless. This is ex- 
plained in chapter 2 under tuned-input, tuned-out- 
put oscillators. | 

An input transformer is more appropriate, but 
parasitic oscillations can still occur because of in- 
ductance in the base circuit. There are other solu- 
tions. One is neutralization in which a current Is 
fed-back from the collector, described more fully in 
chapter 6. Another solution at frequencies below 
UHF is to eliminate the Miller capacitance by using 
the cascode amplifier as seen in Figure 1-13. 

The cascode consists of a unity gain 
common-emitter amplifier driving a tuned 
common-base amplifier. This circuit has the advan- 
tages of having the moderately high input imped- 
ance of a common-emitter (Q,) but with no Miller- 
effect capacitance because of its low gain. All the 
gain is in the common-base (Q,) section, which in- 
herently has no Miller-effect capacitance because 
it is a noninverting amplifier. The cascode is pop- 
ular in high-quality wideband audio amplifiers be- 
cause of its low input capacitance (wide band- 
width), fairly high input impedance and high gain 
characteristics. 











IS 
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COUPLING TUNED CIRCUITS 


Thus far we have studied RC-coupled circuits and 
ideal transformer-coupling of tuned circuits. RF cir- 
cuits are also capacitively coupled and coupled 
with autotransformers. 

Capacitance coupling is illustrated in Figure 
1-14. C, and C, form an equivalent capacitance of 


(1-23) 


that will resonate with L at f, = 1/27 VLC,,. The 
capacitors also form a voltage divider and an 
impedance divider very much like an autotrans- 
former (a tapped inductor). As long as the imped- 
ance, connected at the output (across C;), is an 
order of magnitude or more larger than the reac- 
tance of C,, the equations are simply 


Cc = CCN, + G) 


(1-24) 





FIGURE 1-14 Capacitance coupling. 
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This expression follows from the fact that the cur- 
rent through C, and C, is equal to / and v, = 
IX¢c,, While Vv, = iX¢,. Hence v,/Yj, = iX¢/iXoq = 
wc, (eC, = C,6/(GlG, - Gil = onic +e) 
A similar analysis for R,, with R, connected across 
C, (see Figure 1-14) will yield 


(1-25) 


for A, = 10 Xo. 

If A, is not an order of magnitude. or more 
greater than X¢,, then the analysis requires con- 
verting the parallel impedance formed by FR, and 
Xc, to an equivalent series impedance. The series 
equivalents are 


Ro 





(1-26) 


Ag 2 
is ae 2 
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where Q = R,/X.,. The resulting series circuit 
with C;, C,, and A., can easily be converted to a 
single capacitor and series resistor A,,. The series 
RC values can be further converted to equivalent 
parallel RC values if desired by using equations 1— 
25 and 1-26 with A, replaced with A, and C, re- 
placed with C,,. (C,. will have to be replaced by 
the series equivalent of C, and C,,. Also, the new 
Q is for the series circuit calculated from the single 
Capacitor and series resistor values.) Please notice 
the similarities between equations 1—26/1—27 
and 1-17/1-18 for making RL. series-parallel 
conversions. 





EXAMPLE 1-6 


Determine FA, if C; = 1000 pF, C, = 200 pF, and R, = 2002 for the circuit | 
of Figure 1-15. The circuit is resonant and operating at w, = 10’ rad/sec 


(rps). 





FIGURE 1-16 Series equivalent of Figure 1-15. 


COUPLING TUNED CIRCUITS 


Solution: 


1. x, 


1 


LZ 


= {/o.C, = 110° & 10°") = 100 Q. The O of the AC, com- 


bination is Q = R,/X-, = 200/100 = 2. R, loads down X¢, too much 
to use the simple formula—Q must be at least 5. (For Q, > 10, the 


error is less than 1 percent). 


Using equations 1-26 and 1-27, R,, = 200/(1 + 2’) = 40 Q and C,, 


2 


= 1000 pF = 1250 pF. 


Jie 


Figure 1-15 is now equivalent to Figure 1—16. 


ee _ CoC se NC, = on = 


(200 pF)(1250 pF) 


(1450 pF) 
mine A, use equation 1—26 as follows: Fi, 


= 1/2.4 pF. To deter- 
R,(1 + Q*) where Q = 


Qceries = Xeg!Ree = 1/10’ X 172.4 KX 107 %)(40 Q) = 14.5. With O 
this high we could use a simple conversion, namely Xjo ~ Xeeries ANA Fine 
= Q*PRisies This is because Q? © Q? + 1 and Q*/(Q* + 1) = 
when Q > 10. In any case, R, = [1 + (14.5)7]40 02 = 8.45 kQ. 


Compare 8.45 kQ with that calculated from equation 1-25. AR, = 


100 pF + 200 pF 
200 pF 


percent because RF, is only 2 times X¢,. 


Capacitive coupling is not very common in RF 
work for two reasons. For one, transformers are 
simple to build, and the turns-ratio can be changed 
with relative ease for maximum power transfer. 
Secondly, solid-state circuits involving oscillators 
and medium- to high-power amplifiers have high- 
order distortion products. The high frequency dis- 
tortion currents couple more readily through ca- 
pacitors than inductors. 

Inductive coupling may be accomplished 
using two inductors in a way analogous to capac- 
itive Coupling or with transformers which involves 
mutual coupling. 

The autotransformer of Figure 1-1/7 can be 
used when the DC isolation afforded by separate 
primary and secondary windings is not a consid- 
eration. Assuming that all the windings are mu- 
tually coupled like the familiar two-winding trans- 
former, the equations are also the same. That Is, 
v, = vn, + n,)/n, and 








2 
200 Q = 7.2 kQ. The error using 1-25 is 14.8 


R, = [(n, + n,)/n,]? Ro. (1-28) 


These simple relationships are not valid when 
all the windings are not mutually coupled—that Is, 
when the flux produced by current in some of the 
windings of n, does not cut n, turns. RF trans- 
formers rarely perform ideally because iron cores 
sometimes are not used or the cores do not have 
very high permeability. Such nonideal transformers 
are considered in the next section. 





FIGURE 1-17 Autotransformer, trapped inductor. 
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NONIDEAL TRANSFORMER 
COUPLING | 


Transformer coupling calculations have. typically 
assumed the ideal case where k = 1, that Is, all 
the primary flux cuts secondary turns. This is ap- 
proximately true for audio and power transformers 
containing a large amount of soft iron to concen- 
trate and direct the flux from primary to secondary. 
When k = 1, the relationships between voltage 
and impedance transformation follow the familiar 
expressions of equation 1-28. 

In some cases, particularly for high-frequency 
air-coupled transformers, not all of the flux ®, gen- 
erated by current flowing in the primary winding 
will cut turns of the secondary winding. The frac- 
tion of primary flux that does cut secondary turns, 
thereby inducing voltage in the secondary winding, 
is called the coefficient of coupling, k = ®./®, 
where ©® is flux (®, primary, ®, secondary). The 
coefficient of coupling for transformers will vary 
from almost zero to about 0.9. 

For tightly wound coils or toroidal coils in 
which the flux of each turn passes through all other 
turns, then L o¢ N’*. As indicated in Figure 1—18, 
the primary (and secondary) inductance varies as 
the square of the number of turns. The amount of 
flux generated by current flowing in the primary 
winding is proportional to the current and number 
of turns, ®, oc i,N,. However, L o& N? so that NV 


FIGURE 1-18 WNonideal/ 
transformer coupling. 
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a WL, hence ®, x Ip V/L,. Using the definition 
of k above, then ®, & ki, VL 

The voltage induced in the secondary is pro- 
portional to the secondary flux, its rate of change, 
and the number of secondary turns cut. This is ex- 
pressed by v, = kV LNodi, /dt. lf a-sinusoidal cur- 
rent, |, = |, cos wt where w = 2zf, then the rate 
of change is di,/dt = —wl, sinwt = —wly, X 
(/ cos wt), where / represents the 90° phase dif- 
ference between sine and cosine._If /, cos wt is 
replaced with /,, then v, = KVL, L(—jwi,), 
where N, & yi Ls as explained earlier. 

The physical properties of the transformer in- 
volved in the mutual coupling of the primary and 
secondary windings are incorporated in the 
KVL, L,, which is referred to as the mutual in- 
ductance. Mutual inductance, denoted by L,, or M, 
will be defined by 


M= kVLL (1-29) 


The mutual inductance between the windings of a 
transformer is seen to be proportional to the frac- 
tion of flux coupled and the geometric mean of the 
inductances. 

Combining equation 1-29 with the expres- 
sion above for v,, we see that the voltage in the 
secondary, induced by a primary winding current /, 
which is sinusoidal with radian frequency w in a 
transformer of mutual inductance M is 


Vv, = —jwMi, (1-30) 


N, turns Vs 


NONIDEAL TRANSFORMER COUPLING 


EXAMPLE 1-7 
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A sinusoidal current of 1 mA at 100 kHz flows in the primary of a transformer 
with a primary inductance of 1 MH, secondary inductance of 250 mH and a 
coefficient of coupling of 0.20. Determine the secondary induced voltage. 


Solution: 


Cy Li = 02 


(1X 107°)(250 & 1078) = 100 pH. |y,| = 


wMi, = (24 X 100 kHz)(100 X 10° H)(1 X 10°° A) = 62.8 mv. 


A circuit model which is helpful in visualizing 
the effect of mutual inductance and the secondary 
voltage v,, is shown in Figure 1-19. Please observe 
that the total primary inductance is L, and that the 
magnitude of the voltage seen looking back into 
the output leads is /, times the mutual reactance, 
27 TM. 





FIGURE 1-19 Equivalent transformer circuit 
showing mutual inductance and secondary-induced 
voltage. 


Transformer Loading 


In Figure 1-20 a generator is connected across the 
primary of a high-frequency transformer and v, is 
measured with a high-impedance RF voltmeter. If 
the voltmeter impedance is high enough, very little 
current will flow in the secondary winding and 
there will be essentially no interaction of the sec- 
ondary back on the primary. 











FIGURE 1-20 Generator-driven transformer with 
load. 


However, when the secondary load imped- 
ance Z, is low, secondary current will flow due to 
the induced voltage and this current will induce a 
counter EMF in the primary. The same equations 
developed for secondary voltage due to primary 
current hold for a “bucking” voltage induced into 
the primary by the current /, that flows in the sec- 
ondary winding. Hence, the generator will experi- 
ence a loading effect when Z, is connected, and 
the amount of loading will be directly proportional 
to i, where i, = V,/Z,5. 

Z,, is the total series impedance of the sec- 
ondary circuit through which /, flows; that is, Z,. 
= Z + (rm + jwL,), where m takes into account 
losses in the transformer secondary winding. 

Figure 1-21 shows a model of the equivalent 
circuit we will use for transformer coupling in the 
general (nonideal) case of kK < 1. As illustrated at 
the end of this section, k is easily determined from 
measurements with an inductance meter and if a 
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Q-meter or impedance meter is available, all the The voltage induced in the secondary is v, = 
elements of the model can be determined. —joMi,. This produces a current i; = v,/Z,, 
where 





Le = Yol, my + Z, (1-31) 


A current flowing in the transformer secondary will 
induce a counter EMF in the primary winding. This 
could be modeled with a — v, bucking voltage but 
instead this effect is modeled as a reflected imped- 
ance, Z,, In series with the primary windings. The 
bucking voltage would be —v, = +jwMi,, and 
since /, flows through this counter EMF, Z, = jw 
Mi, li, = joM (—jwoMi,/Z,5)/i, SO 


Z, = (wM)°*/Z., (1-32) 


The following example will illustrate how an 


FIGURE 1-21 Equivalent circuit model showing inductive secondary circuit will be reflected as a 
secondary-induced voltage V, and reflected capacitance, and a capacitive secondary will look 
impedance Z, due to the loading effect of the inductive in the primary. 
secondary. 

EXAMPLE 1-8 


An air-coupled transformer yields the following Q-meter measurements at 2.5 
MHz: L, = 100 wH, Q, = 157, L, = 10 wH, Q, = 50, and k = 0.05. 
Determine the following: 


1. 


Mutual inductance. 


2. Reflected impedance for (a) Z, = ©O (open-circuit), (b) ZS = 1200 
Q (C, = 318 pF), (c) Z, = 0. 

3. Primary impedance for the loads in problem 2 above . 

Solution: 

1. M=kVL,L, = 0.05V(100 X 107*)(10 X 107°) = 1.58 pH. 

2. w = 2nf = 2n(2.5 MHz) = 15.7 & 10° rad/sec. M = (15.7 X 


10°)(1.58 & 107§) = 24.8 Q (mutual reactance). 
X,, = wl, = (15.7 XK 10}\10 KX 10°) = 157 & i = X,,/Q, = 
157 0/50 = 3 Q. 

(a) Z = 0,27, = 0©,Z = (woM)/Z, = O. 

(b) Z, = —/2000, Z, = 5 + jol, + Z = 3 + /157 — j200 
wM )? (24.8)? 


Zs,  43.10/—86° 


_—_— 


=3—/430,Z = = 143 /86° = 


1+ /14.2Q. 


DOUBLE-TUNED CIRCUITS 


Notice that the impedance reflected into the primary is essentially 
inductive for the capacitive secondary circuit.* 

(cc) Z=0,Z,=34+ /157 +0 =3 4+ /157 Q = 157 /90°. The 
secondary is highly inductive and should reflect into the primary as 
a capacitive effect. Z = (24.8 Q)*//157Q = —/3.92 Q. 

The impedance of the loaded primary for the secondary loads of problem 

B are determined from Z, = rm + jwl, + Z,. 

X,, = wl, = (15.7 X 10°(100 & 107°) = 1.57 kQ. r, = X,,/Q; = 

1.57 k/157 = 10 Q. 

(a) For Z, = 0, Z, = OandZ, = 10 Q + (1.57 kQ. 

(b) For Z, = —/200Q, Z = 1+ /142 0,so0 Z, = (10 + 1) + 
j(1570 + 14.2) = 11 + j1584.2 Q. The capacitive load has 
resulted in an effective primary circuit inductance of Li, = 1584.2/ 
(15.7 X 10°) = 100.9 mH. 

(c) ForZ, =0,Z = —/3.92 and Z, = 10 + /(1570 — 3.92) = 
10 + /1566 Q. The effective primary inductance is L, = 1566/ 
(15.7 X 10%) = 99.75 wH. Part (c) of the example suggests a 
method for determining the coefficient of coupling k for a 


a1 


transformer. 





*It is often convenient to compute reflected resistance and reactances separately. 
However, in so doing you must remember that the reflected reactance Is of opposite type 
(phase) to the net reactance of the secondary. The equations for magnitudes are 


_ (wM/’ 


- — 


and X, = 


Measuring the Coupling Coefficient 


To determine k for a transformer, measure L, with 
the secondary open-circuited. Then short-circuit 
the secondary leads and measure L7, the effective 
primary inductance for Z, = O. The coupling coef- 
ficient is calculated from these measurements 
using 


p= Le) (1-35A) 
k= V1I— Ui, (1-35B) 


The proof of this is as follows: with Z, = O, Z,. 
= 17 + jwol, + 0 * —jwM*/L, for a high O 
secondary. The primary impedance is Z, = 7 + 
jwl, — joM 7/L, = jw(L, — M*/L,) for a high Q 


IZ 
(wM)? 


eres. 
| Z| : 





(1-33) 


(1-34) 


primary; that is, X,, >> 7. The primary is inductive 
with an effective inductance of 1, = 
L, — M?/L,. Since M* = k?*L,L,, then Li = 
le = Li = aT ee. Thetis, 
P= yl = 


DOUBLE-TUNED CIRCUITS 


Coupling circuits with nonideal transformers pres- 
ent more mathematical complexity than for ideal 
transformers, as demonstrated in example 1-8. 
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However, the ability to vary the mutual coupling 
between circuits leads to very useful applications 
such as multiresonator filters and the detectors 
used in FM (frequency modulation) receivers. (FM 
Circuits are covered in chapter 9.) An example of 
a two-resonator bandpass filter (a two-pole filter) 
iS illustrated in Figure 1-22. The secondary is 
tuned to resonance by C, and has a QO of Q, = 
WoL,/T, if all the losses are represented by r. The 
primary circuit, independent of the secondary, has 
a Q of Q, = wpL,/r, where all the losses are rep- 
resented by r,. C, tunes the primary to resonance 
(W. = 2af,) and the entire circuit is referred to as 
a double-tuned circuit. 





FIGURE 1-22 Double-tuned circuit. 


The output voltage-versus-frequency  re- 
sponse of the double-tuned circuit is highly depen- 
dent on the amount of coupling between primary 
and secondary. As illustrated in Figure 1-23, the 
critically coupled response rises to a maximum and 
has a rounded peak. Critical coupling occurs when 
f, Couples into the primary with a value equal to r,. 
The critical coupling coefficient can be calculated 
as 


k, = 1/V 0,0, (1-36) 
If the actual circuit coupling is less than critical (k 
<_k,), then the response will have a very sharp 
peak which, as seen in Figure 1—23, does not 
reach the maximum achievable. 
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output ——> 






(over -coupled) 





k <k, (under-coupled) 
f 
f 


NG 


FIGURE 1-23 Effect of the coupling coefficient in 
a double-tuned circuit. 


With actual circuit-coupling 50 percent 
greater than k,, the optimum coupling occurs 


Kg = 1K, (42237) 


This gives maximum output with a flat, zero-ripple 
response in the passband. 

Coupling in excess of K,,, will result in the ov- 
ercoupled, double-hump response shown in Figure 
1-23. For the very overcoupled double-tuned cir- 
cult, the maximum gain will not occur for input sig- 
nals at or near f, but will occur when the input 
signal frequency is 


LIU lek (1-38A) 
and also at 
f/V1—k (1-38B) 


This is because the impedance coupled into the pri- 
mary circuit at f, Is a fairly large resistance that 
reduces the primary-winding Q and current. The 
result is that less voltage is induced into the sec- 
ondary. However, above and below the secondary 
resonant frequency, the net secondary reactance 
offsets some of the reflected resistance, and the 
primary Q and current increase results in more in- 
duced secondary voltage. Beyond the peaks, the 
reflected secondary reactance detunes the primary 
to the point where the primary circuit impedance 
and voltage decrease, and the output falls off. An 
example will illustrate this point. 


DOUBLE-TUNED CIRCUITS 


EXAMPLE 1-9 Double-Tuned Circuit of Figure 1-24 


Vy 


2. 


At what frequency w,, will the primary and secondary circuits be reso- 


nant simultaneously ? 


Will the circuit be critically coupled, undercoupled, optimally coupled, or 
overcoupled ? 


Find v, at w, with v, = 10 Volts rms. 
Find v, at w, + 1-percent of w,. 





FIGURE 1-24 Double-tuned circuit example. 


Solution: 


1. 


For the secondary, w, = 1/VL,C, = 1/V10°*10°° = 10° rad/sec. 


The resonant secondary will have Z,, = 10 Q pure resistance so that Z, 
is also purely resistive. Hence, the primary resonant frequency is w, = 
1/VL,C, = 1/V¥10-710°° = 10° ros = w, of the secondary also. 
(Since Q, = 50 which is = 10, the primary circuit viewed as a parallel 
resonant circuit is resonant at w, = 10° within 1 percent—actually 
within 0.04 percent). | 


k, = 1/V Q,0,, Q, = wLj/r = 10° X 1077/20 = 1k/20 = 50. Q, 
= 10°10 */10 = 100/10 = 10.k, = 1/V50 X 10 = 0.0447. kK, 
= 15k, = 1.5(0.0447) = 0.067. Since the actual circuit is coupled 
with k = 0.1, which is greater than critical and optimal coupling, the 


circuit is overcoupled. Some of the overcoupled response will be shown 
with parts 3 and 4. 


M = kVL,L, = 0.1V1073910* = 31.6 wH. wM = 10° X 31.6 
uwH = 31.62. Z,, (at w,) = 10 Q (resonance). Hence, Z, = (31.6)’/ 
10 = 1002 = r,. X,, = 1k from part 2, so the effective primary 
winding has Z, = (20 + j1k) + 100 Q = 120 + 1k. The primary 
winding current is /, = v,/Z, = 10 V/(120 + /1k) = 9.93 /—83.16° 
mA. 
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The secondary induced voltage is v, = —/wMi, = (wMi,) /—90° 

= (31.6 Q)9.93 /—83.16° mA)/—90°) = 313.8 mV /—173.16° 

So i, = V,/Z., = (313.8 mV /—173.16°/10 Q = 31.38 /—173.16° 

mA. Thus v, = i,Xq = (31.38 /—173.16° mA)(100 /—90° Q) = 
3.138 V /—263.16° with reference to the primary voltage. 

4. wo, + 1% of w, = w{1 + 0.01) = 1.01 X 10° rad/sec. Z,, = 10 


+ jlwl, — 1/wC,) = 10 + (101 — 990 = 10+ j20 = 1020 
(113°. Z = (wM)/Z,, = (1.017(31.6)/10.2 /11.3° = 99.87 


/—11.3° = 97.9 — /19.6 Q. (At resonance, Z, = 100 Q was purely 
resistive.) Z, = [10 + /(1.01)1k] + (97.9 — /19.6) = 107.9 + 
{990.4 = 996.3 /83.8° Q. j, = 10/996.3 = 10 mA /—83.8°. V, = 
—joMi, = [(1.1)31.6 Q)]40 mA /—173.8°) = 347.6 /—173.8° 
mV. i, = 347.6 /—173.8° mV/(10.2 /11.3°) = 34.1 /— 185° mA. v, 
= 1,.Xc, = (34.1 /— 185° mA)(—/ 99) = 3.374 /—275° Volts. This 
is an increase of 0.63 dB above the output at resonance. The reason for 
the increase is seen to be the increased primary current due to a slight 


detuning of the primary while the secondary Z,, changed only slightly. 





Problems 


1. 


Determine the reactance of a 300-pF capac- 
itor and for a 1-wH inductor at 5 MHz, 10 
MHz, and 15 MHz. Plot the reactances ver- 
sus frequency on the same graph. At approx- 
imately what frequency do the “curves” 
cross? 


. R = 5002, C = 300 pF, andl = 0.844 


MH are connected in parallel. a. Determine Z, 
Q, and bandwidth at resonance. b. If 10 V 
rms at f, is applied to the circuit, determine 
the current in R, C, and L. c. What is the ratio 
OT i, tO de? 


2. For Figure 1-1, r = 5 @, C = 300 pF, and . A small-signal tuned amplifier has a voltage 
L = 0.844 WH. a. Find the resonant fre- gain of 100 at the resonant frequency 1 
quency in rad/sec and Hz. b. Calculate both MHz. a. If the parallel tuned circuit Q is 10, 
reactances at resonance. Are they equal? c. determine the gain and phase shift at 0.95 
What is the series impedance Z at MHz. b. Repeat at 1.1 MHz. 
hill . An RF coil has a Q of 50 and reactance of 

3. For the circuit of problem 2, calculate the re- j1 kQ at 200 kHz. Determine the equivalent 
See ee eens one series and parallel RL circuit values r, L,, R, 
(10 percent above the resonant frequency). pede 

4. a. Determine the circuit Q and 3-dB band- g 


width for the circuit of problem 2. b. Deter- 
mine the result on #,, Q and bandwidth for 
(1) ris doubled to 10 Q; (2) r = 5 Q, but C 
is doubled to 600 pF; and (3) r =502,C = 
300 pF, but L is doubled. 


. Repeat problem 7 if OQ = 2. 


9. A common-emitter amplifier with an emitter- 


bias current of 0.5 mA dc and a transistor 
with a dynamic collector impedance of 20 k 
in parallel with 1 pF. The collector circuit con- 


PROBLEMS 


10. 


11. 


12. 


13. 


14. 


sists of a 1-k load in parallel with C = 49 pF 
and L = 2 wH (QO, = 50). a. Determine the 
resonant frequency of the amplifier. b. If a 
signal voltage of 50 mV at the resonant fre- 
quency is measured on the transistor base, 
determine the output (collector) voltage. 


a. Determine the bandwidth and write A,(f) 
in terms of Q and f, for the amplifier of prob- 
lem 9. b. Sketch A\(f), both magnitude and 
phase. 


The circuit of Figure 1-10 has the following 
circuit values: V,, = 10 V, C,, = 2 pF, C 
(stray) = 2 pF, C = 91 pF, R; = 2k, A, 
= 10k, A, = 26K Ae = TOR, A, 6 re 
moved. The transformer has k = 1,L = 4 
wH with Q, = 104, n,/n, = 5. Determine 
the following: a. Resonant frequency; b. 
Base-to-collector voltage gain at the resonant 
frequency; c. Base-to-v, voltage gain at res- 
onance; d. Bandwidth; and e. How much 
would the gain decrease (in dB) and band- 
width increase if a 50-Q resistor is connected 
to the output at v,? 


A 50-percent efficient, transformer-coupled, 
grounded-emitter amplifier with V,. = 12 V 
should have how much bias current if 100 
mW is to be delivered to the load? 


Design a 5-mW ideal-transformer small-signal 
RF amplifier for 20-MHz operation with 2 
MHz of bandwidth and a 75-Q load and gen- 
erator impedance. Use Figure 1-11 with C 
(stray) = 5 pF, C, = 2pF, 6 = 100,7, = 
10k, Ry = 10k, and V,, = 9 volts. (Assume 
5O percent efficiency.) 


The circuit of Figure 1-14 has C, = 500 pF, 
C, = 75 pF, andl = 220 nH. a. Determine 
the resonant frequency w, and f,. b. If a re- 
sistor of 580.8 Q) is in parallel with the induc- 
tor, what is the circuit Q? c. What Is the 
equivalent value of resistance as seen from 
the output for part b? d. If the voltage 
across the inductor is 10 volts, what voltage 
will be measured across C,? 
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Inductor L, = 100 mH and L, = 4 MH are 
close enough to each other that for every 10 
lines of flux created by RF current in L,, 1 line 
of flux couples to L,. What is the mutual in- 
ductance between the inductors? 


. Two inductors are wound to form a trans- 


former. Measurements at 7.9 MHz yield the 
following results: L, = 20 wH and Q = 220 
is the primary inductance. L, = 4 wH and OQ 
= 100 is the secondary. a. What value is M/ 
if k = 0.2? b. If the secondary is open, how 
much power loss will result due to 10 mA of 
primary current? c. Determine the secondary 
voltage magnitude and phase for 10 mA of 
primary current. 

A transformer was wound in the laboratory 
and measured at 7.9 MHz with the following 
results: L, = 4.25 wH with Q = 220 and L, 
= 1.25 wH with O = 100. a. What value 
of k (coefficient of coupling) is needed to pro- 
duce a mutual inductance, M,of O0.3m@H?b.If K ° 
= 0.5 and f = 7.9 MHz, what value of pri- 
mary current is needed to produce 200 mV 
across a 50-2 secondary load resistor? c. Re- 
peat b for a frequency of 500,000 rads/sec. 
d. Determine the primary and secondary 
winding resistances. e. What value of C 
would be required in order to resonate the 
secondary circuit at 7.9 MHz? 

The input signal frequency is w = 10’ rad/ 
sec for Figure 1-25 L, = L, = 10 wH with 
Q, infinity. Calculate: a. X,,, b. Z,,, ¢. M, d. 
Z, (reflected into primary winding), and e. 
value of C, to tune the circuit to resonance. 





FIGURE 1-25 
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19. 





20. 


Figure 1-26 is a double-tuned circuit oper- 
ating at resonance. Determine: a. k,, the coef- 
ficient of coupling for a critically coupled cir- 
cult. b. If kK = 0.09, will the circuit be 
over-, under-, or optimally coupled? (Show 
calculations.) 


X, = 1002 


10 Q 


b,=L,=10 eH (G,,+ =) 


FIGURE 1-26 


A double-tuned circuit is shown in Figure 1— 
27. If f = 159 kHz (w = 10° rad/sec), de- 
termine: a. C, to resonate the secondary. b. 
Q, (Q of secondary circuit). c. Value of C, for 
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FIGURE 1-27 


resonance. d. Q,, primary circuit Q with sec- 
ondary open. (Hint: Think ‘“‘series reso- 
nance.’’) e. The value of kK which would make 
the complete circuit critically coupled. f. Is 
the circuit shown under-, over-, critically, or 
optimally coupled? Why? g. Sketch an ap- 
proximate frequency response for this circuit. 
Include the value of v, for v, = 1 Vins, and 
the approximate 3-dB bandwidth. 











Introduction 


An oscillator is used as a signal source and is usu- 
ally the first circuit needed in developing a com- 
munications system. There are numerous oscillator 
Circuits, most of which are still referred to by the 
name of the originator, including Armstrong, Har- 
tley, Colpitts, Clapp, Pierce, and Wien bridge. 

More important than naming oscillators is un- 
derstanding how they work. Also, circuits which 
are not supposed to oscillate sometimes do, and 
knowing the fundamentals of oscillators can help 
to solve such knotty problems. The criteria for pro- 
ducing self-sustaining oscillations are: 


e [Input power source 
e Gain 
e Frequency determining scheme 


e Feedback must be positive (in-phase feed- 
back; system loop gain = 1) 


Input power is required because the oscillator 
must deliver power to be useful. In addition, the 
oscillator circuit Itself consumes power and re- 
quires device biasing. 

Some device providing signal gain is required 
to overcome internal signal losses. 

some circuit or inherent device resonance is 
required to control the frequency of oscillators. All 
sorts of circuits and natural phenomena, from 
metal cavities and tuning forks to the atomic struc- 
tures of gases and solids, are used to control the 
frequency of an oscillator. 

Finally, an oscillator is a feedback system in 
which the feedback conforms to two criteria, 
called the Barkhausen criteria, namely: 


e The feedback signal must be exactly in phase 
with the original input signal at the loop clo- 
sure point. 

e The overall steady-state gain around the 
feedback loop must be exactly equal to unity. 
Stated mathematically, using the notation of 
the classical feedback circuit, A,B = 1. 
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The classical feedback system, shown in Figure 
2—1, yields the following classical equation: 


Vout A V 





es = A, (2-1) 
Vv, 1—A,B 


In Figure 2—1 and equation 2—1, A, is the (forward) 
system gain (assumed to be noninverting), and B 
is the fraction of the output fed back to the input, 
also called the feedback factor. A, is the overall 
system gain with feedback. 


Output 





FIGURE 2-1 Classical feedback system. 


Notice that, for a negative feedback system, 
the loop gain A, B must have a phase inversion to 
achieve the stability that is desired in such sys- 
tems. Hence, for systems with negative feedback, 
Ap = A,/A1 + A,B). 

In equation 2—1 for positive (regenerative) 
feedback systems we see that, when the Barkhau- 
sen criteria are met and A,B = 1, the overall sys- 
tem gain goes to infinity; that is, 


A» = A,/(1 — 1) > ©. 


This is definitely undesirable in negative feedback 
systems, but is an absolute necessity for 
oscillators. 

So much for the general discussion. Let us 
look at the behavior of an actual circuit for the 
usual condition of loop gain, A,B > 1. The circuit 
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of Figure 2-2 shows a tuned amplifier with a trans- 
former-coupled output. PR represents the total load- 
ing of the amplifier including any impedance from 
output to ground. 





10 mV pk-pk 
ee ails 412V 


(No base bias shown) 


FIGURE 2-2 


Suppose that the base-to-collector voltage 
gain is A, = —100 = +100 /180°. Also, as- 
sume that the transformer is inverting and ideal 
(k = 1 and no power losses). If the transformer 
turns-ratio is n,n, = 90:1, then B = — Yo = 
0.0111 and A,B = +1.11, which is more than 
enough loop gain. With vs = 10 mV and vo = 
1000 mV, the output voltage will be v, = 1000 
mvV/90 = 11.1 mV. Now if $1 is switched to pin 
1, the 11.1 mV is amplified to 1110 mV and 
stepped-down to 12.3 mV, which will be fed back 
to the input and reamplified to 1.23 V, and the sig- 
nal is building. Where will it stop? It will stop when 
this linear system saturates, and this will occur for 


a collector voltage of 24 V peak-to-peak. The 24 


V pk-pk is based on the premise of a high-Q tuned 
circuit, a 12-V power supply, and V,,-(sat) = O. 
Recall that, with +12 V de to ground on the col- 
lector, the collector can swing from +12 V to O 
on the negative swing. Also, because of energy 
stored in the transformer during one-half of the 
cycle, the collector can swing 12 V above the bias 
point—to +24 volts peak—on the other half- 
cycle. The total swing is 24 V pk-pk. 
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With 24 V pk-pk on the collector, the output 
voltage will be 24-V/90 = 266.7 mV. This of 
course is the voltage on the base because of the 
feedback. This voltage will be a little distorted, but 
that isn’t the question here. The question is: What 
is the loop gain? We know that B = — ‘Ye be- 
cause of the transformer. The gain of the saturated 
amplifier is Vc/Vg = 24 V pk-pk/266.7 mV pk-pk 
= — 90. The loop gain is A,B = 90 X Yo = 
+1. The Barkhausen criteria are met exactly for 
this oscillator. 

How does this oscillator get started? The 
same way that a (resonant) tuning fork gets 
started—by hitting it with an impulse. The signal 
generator in Figure 2—2 isn’t actually needed. Sup- 
pose that the 12-V power supply has been off for 
a while and there is no current in the circuit. When 
the power supply is switched on, a surge of bias 
current rushes through the transformer primary- 
winding, causing the resonant circuit to ring, to os- 
cillate. This oscillating voltage is coupled across the 
transformer to the output, where it is fed back to 
the input and amplified to increase the collector 
signal. The signal continues to build until a steady 
state is reached with 24 V pk-pk on the collector 
and 266.7 mV pk-pk at the output. 

The circuit will oscillate at the frequency for 
which the phase around the loop is exactly 360°. 
This is set by the tank resonant frequency f.; = 
1/(2a\V LC) and the quality factor Q of the trans- 
former with circuit loading. The higher the trans- 
former-loaded Q is, the faster the phase varies 
with frequency. The actual frequency of oscillation 
is given by 


Tis = FA “iP 1)/O (2-2) 


Hence, for OQ = 10, f,, is 0.5 percent above f,,<. 
Q here is the effective Q of the tank (Q,4) and is 
determined for the Hartley oscillator circuit of Fig- 
ure 2-3 by analyzing all the loading effects on the 
tank circuit. This is done, along with a determina- 
tion of loop gain to check that oscillations will be 
self-sustained, in the following analysis. 


NE ————————————— LL 
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HARTLEY OSCILLATOR CIRCUIT 
ANALYSIS 





The Hartley circuit of Figure 2-3 is first checked 
for positive feedback: assume that the emitter volt- 
age is driven positive by an oscillation or noise. Q, 
will tend towards cut-off, and the collector will rise 
towards V,,. This rising signal is voltage-divided by 





BP = Bypass capacitor (X,- ~ 0) 
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n/(n, + n,) but will have the same phase as the 
collector except for a small amount due to loading 
by F,. Hence, the signal fed back to the emitter 
through C;, will be in-phase with the initializing sig- 
nal at fx. 





Given: n, = 100 Turns; n»= 10 T; ng =5T. 
r, = 50 k, including effects due to an unbypassed emitter. 
L, = 53 wH; Q, = 50. 


FIGURE 2-3 Hartley 
oscillator. 


Next, determine the loading on the tank cir- 
cuit by the procedures developed in chapter 1. The 
50-Q load, when reflected up to the collector, has 


Ayr te? 
a loading effect Ri. Ri = (50 Q) 7 zt 
No 


110 \? 
50 42) = 24.2 k. Loading due to finite QO, of 


the primary coil: at 1 MHz, X, = 300 Q and R,,, 
= Q,X, = (60)(300 2) = 15 k. From the n, — 
26 | 
Ap = TT 
1k & 25 Q. Therefore, as seen from the ‘tank 


n | n 2 
top’ (collector), RZ = a 2502 = 
No 











Nn, tap looking to the left, we see r, 


110 
(2) 25 1 = 3k. So the total collector loading 


Cop = 1.0 pF. 
C, tunes the circuit to 1 MHz. 


is RO = Ril Reill Ro = 50 k|]24.2 kl] 15 kI|3 k 
= 2.2 k, or G = 0.02 + 0.041 + 0.067 + 
0.32 = 0445 mS,soR = 1/G = 2.2 k. 

The amplification in the loop at resonance will 
be, for a common-base amplifier, A, = R2/r, = 
2.2 k/26 = 84.6 (38.5 dB). To determine if the 
circuit has enough gain, calculate the loop gain and 
hope that it is greater than unity. 

But first, this is IMPORTANT: 

If you actually break the loop as shown in Fig- 
ure 2-4 to get an idea of what the feedback volt- 
age V, will be for a given v, you must include the 
loading effects (r,|| 1k) that will pertain when the 
loop is closed and operating. This is illustrated in 
Figure 2-4. The gain, A,, can be a lot ditterent with 
and without the impedance loading effects. 

A, = 84.6 as calculated above, but if you 
ignore the r,|| 1k loading effects, the gain would ap- 
pear to be A, = (50 k || 24.2 k || 15 k)/26 = 


HARTLEY OSCILLATOR CIRCUIT ANALYSIS 








A microwave antenna overlooking San Francisco Bay. 


7.8 k /26 = 300, which is 11 dB more than ac- 
tually exists when the loop is closed. An error like 
this can result in an oscillator that doesn’t oscillate. 
If v. = +100 mV, vy, = Ay, = 8,460 mV (no 
phase inversion for common-base). Also, Vz, = 


—™ _ = (1%410)(8460 mV) = 769 mV, which 
N, i No 


is much greater than the input 100 mV. This yields 
a loop gain of 7.69 which is calculated as A,B = 





FIGURE 2-4 Circuit for 
open-loop gain analysis. 
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84.6 X (%410) = 7.69 (17.7 dB). Since 7.69 > 


1, there is more than enough loop gain to insure 
sustained oscillations. 

To get an idea of the variable capacitor to 
use, we need to consider the capacitance already 
from collector to ground. Any capacitance associ- 
ated with A, will reflect up to the collector circuit 
as C/N2, where N = 11%. Also, if we look to the 
left from the tap point, we see Cp--to-ground (ac- 
tually, a thorough analysis will show that you will 
see an inductive impedance looking into a moder- 
ately biased emitter). In any case, these capaci- 
tances are small and their effect at the collector is 
even smaller because they would reflect up by 
C/N* 

Now look at Cge from collector to ground. It 
would be tempting to apply the Miller effect in- 
crease to this capacitance, but in this case it would 
not be correct because we are dealing with a com- 
mon-base amplifier. We are not driving the base 
(the base is grounded); we are driving the emitter. 
Hence, the ac current that has to be supplied to 
the emitter is not affected by Cgc. Cec = 1 PF Is 
seen only from collector to ground—across the 
tank. When added to the fixed capacitance of 430 
pF, the tank has 431 pF to ground. 

To tune 53 wH at 1 MHz requires C = 


1 
——— = 1/[(2n X 10753 X 10°*)] = 478 
(Qaf )°L 


oF. So, in our case the variable should tune at 
around 47 pF. A 100-pF (max) variable can be 
used. The variable capacitor will easily make up for 
stray capacitances which are impossible to predict 
exactly. 





(closed loop, Vv; = Vs) 
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COLPITTS OSCILLATOR 





The Colpitts oscillator illustrated in Figure 2—5 is 
like the Hartley except that the feedback is taken 
from a capacitive voltage-divider instead of the 
tapped inductor or auto transformer. Notice that 
the feedback is to the emitter and not the base of 
Q,. You should confirm that the phase is correct 
for oscillation. To do this, break the loop at the x 
near the emitter and follow the phase around the 
loop. The result is the same as for the Hartley 
oscillator. 

Another thing to notice about Figure 2—5 is 
that a variable inductor is shown for tuning. This 





FIGURE 2-5 A. Colpitts 
oscillator with variable- 
inductor for tuning. B. 
Equivalent circult. 
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component is a transformer wound around a high- 
permeability ferrous core. The core is threaded like 
a screw and can be raised or lowered in the wind- 
ings, thereby changing the inductance. 

In analyzing the loop gain for a Colpitts oscil- 
lator it was shown in chapter 1 that if the resis- 
tance to ground across C; is an order of magnitude 
(10 times) or more greater than Xz,, then the feed- 
back factor is B = v,/v, = C,/(C, + C) = 
Cog/Cz, where C, = C,C/(C, + C,). Also, the 
resistive loading across the tank circuit is the par- 
allel combination of R; and RZ, where Rl = 
(n, /nJ°R, and RZ = (C,/C,,)r.||R) = (1/B)°r.. 

Let's work through another oscillator example 
using the Colpitts circuit. This example also re- 
quires more sophistication in determining the loop 
feedback factor. 


A. Colpitts oscillator with 
variable - inductor for tuning 





COLPITTS OSCILLATOR 


EXAMPLE 2-1 Colpitts Oscillator Analysis 


Analyze the oscillator circuit of Figure 2-6. 


r K = 1 coupling, 
 itgiig= 2 










e; 
1500 pF 


(Bias circuitry not shown) 





FIGURE 2-6  Colpitts oscillator for analysis. 


1. Ignore resistance loading effects and determine the tuned circuit reso- 
nant frequency. (Cog of the transistor is incorporated with stray Capacli- 
tance in the 30 pF.) 

2. Calculate the voltage gain of the common-base amplifier A, (emitter-to- 
collector, as usual) at the resonant frequency. 


~ 


Calculate loop gain, A, B. 
4. Will oscillations be sustained? Why or why not? 


Solution: 


1. This will be justified later, but the reactance of the 1500 pF Is less 
than the 100 Q in parallel with it. This, and the fact that C,, © 150 pF, 
means that we can find the effective C for tuning by Cy = 
(150 pF)(1500 pF) 
150 pF + 1500 pF 
Then f, = 1/2mVLC,, = 10.8 Mkz. 


2. There are three loading effects on the collector: transformer primary 
(coil) losses, R’%, and R%. R, = O,X, = 30 X 2n(10.8 X 10°13 X 


26 mV 
“= 209.800 + (rj|1 k) = 99.62 


+ 30 pF = 1364 pF + 30 pF = 1664 pF. 





10°°) = 26460. 7, = 


a ae Oo a oe 1500 + 150 \ 
= Ff, R0= aa RR, = a R, = a (99.6 Q) 


= 12k Ro =|—)R, = (51000 = 25k. RO = Rall Pell 72 
Nn 
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R’. 1.16 k 
= 2.65k|/12 k||25k = 1.16k.A,=— = = 58 (35.27 dB). 
fe 20 
1 
(Part 1 justification: Xo. = 2 _ = 


2m(1500 X 10° ")(10.8 X 10°) 
9.8 Q. Since 100/9.8 = 10.2 = Q > 10, therefore the current through 
the C,—C, string is 99 percent capacitive, and our approximation in part 
1 is <S 1 percent error.) 
Determine the feedback factor B as illustrated in Figure 2-7. The ac 
collector voltage is stepped-down to the input (emitter) in two steps, the 
capacitor voltage divider and the resistor divider. (The 80-Q resistor 
might represent the resistance effect of a series resonant crystal). B = 
C; 19.6 Q 

——_ | | —  } = (0.091)(0.197) = 0.0179 (—34.95 aB). 

C, + C,/ \80 + 19.6 
The loop gain is A,B = 58 X 0.0179 = 1.088 (+0.32 dB): or, 
35.27 dB + (—34.95 dB) = +0.32 cB. 
Yes, A,B > +1. 


| Collector 
Cy 


Emitter 80 &2 





A. Feedback network 


Emitter Collector 





B. Loop parameters 


FIGURE 2-7 


TUNED-INPUT/TUNED-OUTPUT OSCILLATOR 
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CLAPP OSCILLATOR 








The Clapp oscillator of Figure 2-8 is like the Col- 
pitts except for a small capacitor, C3, in series with 
the inductor L. Capacitor C, is made smaller than 
C, or C, so that its reactance is large, allowing It 
to have the most effect in determining the resonant 
frequency. Ca = {1/C, + 1/6)" + Col + 
1/C,\—' for this circuit. In this scheme, C, and C, 
can be changed to get the optimum amount of 
feedback, and C; can be a variable capacitor for 
setting the frequency of oscillation. Also, C, could 
incorporate a negative temperature coefficient to 
improve the oscillator frequency stability for appli- 
cations in which the circuit temperature is ex- 
pected to vary. 





FIGURE 2-8 _ Clapp oscillator circuit. 
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TUNED-INPUT/TUNED-OUTPUT 
OSCILLATOR 





The tuned-input/tuned-output oscillator was pop- 
ular for vacuum tube oscillators because vacuum 
tubes have such a high input (control grid) imped- 
ance that a parallel resonant circuit at the input 
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made sense. While FETs have high gate imped- 
ance, this oscillator scheme is not reliable or fre- 
quency-stable because of Its sensitivity to supply 
voltage and temperature variations. 

However, this is a perfect circuit for demon- 
strating why too many multistage tuned-amplifiers 
oscillate. 

The feedback path for this oscillator, shown 
in Figure 2-9, is through C,,. At the frequency for 
which the output tank Z, and the input tank Z, are 
resonant, then the phase of the capacitive current 
through C,, (Z3) will not be correct for oscillation. 
However, detailed analysis shows that the phase 
will be correct for oscillations at the frequency for 
which the net reactances of Z,; and Z, are induc- 
tive, thus forming a series-resonant circuit with Cog. 
Since a parallel LC circuit is inductive for frequen- 
cies below resonance (see chapter 1), the circuit 
can oscillate at a frequency below the resonant fre- 
quencies of Z, and Z,. Figure 2—10A illustrates the 
conditions when oscillations occur. Please note 
that L, # L, and L, # L, of Figure 2-9. L; and L, 
are the net inductances for the input and output 
LC circuits for f < fees. 





FIGURE 2-9  Tuned-input/tuned-output oscillator 
using a J-FET. 
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FIGURE 2-10 A. Tuned- 
inout/tuned-outout oscillator 
equivalent circuit at = 
resonance. B. Generalized 

oscillator impedance model. 


Figure 2—10B shows a generalized oscillator 
configuration from which all the previously dis- 
cussed oscillators can be modeled. Z,, Z, and Z; 
should be high-Q reactances, and the reactance 
type (inductive or capacitive) must be the same for 
Z, and Z,. The reactance type for Z, must be op- 
posite to that of Z, and Z,. 
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UNTUNED OSCILLATORS 








Among the commonly used low-frequency oscilla- 
tors which do not depend on a resonant tuned cir- 
cuit are the RC phase-shift oscillator, the Wien 
bridge oscillator, and the astable multivibrator. 
While these oscillators are implemented in various 
circuit configurations, only the simple op-amp cir- 
cults are discussed here. 


RC Phase Shift Oscillator 


As shown in Figure 2-11, an inverting amplifier is 
used to achieve signal gain, so the RC network in 
the feedback path is designed to provide another 
180° phase inversion in order to achieve the re- 
quired in-phase feedback. 


A. Tuned-input/tuned-output oscillator 
equivalent circuit at resonance. 
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B. Generalized oscillator impedance model. 


The phase shift will be correct at a frequency 
given by V, = 1/2m\/6RC. At this frequency, the 
signal voltage loss through the RC network will be 
Yo, so that the inverting amplifier must provide a 
voltage gain of 29. Since |A,| = A,/R, then R, 
= 29 RF. As is the case for the Wien bridge oscil- 
lator, it is desirable to maintain a constant loop gain 
so that the output signal stays sinusoidal in spite of 
changes due to aging effects and temperature vari- 
ations (temperature stability). This is usually ac- 
complisned by including in the feedback resistance 
a temperature-sensitive component which corrects 
for gain if the circuit temperature changes. 


Rs 


Input 
Output 





D 
Dv 


FIGURE 2-11 AC phase-shift oscillator. 


UNTUNED OSCILLATORS 


Wien Bridge Oscillator 


The op-amp circuit of Figure 2-12 has both neg- 
ative and positive feedback. A; and A, provide neg- 
ative feedback and set the forward gain for the 
positive feedback system. The positive feedback Is 
from output to pin 2 through a series-RC/parallel- 
RC, lead-lag network. The series-RC provides a 
leading phase or ‘‘zero”’ in the frequency response, 
and the parallel-RC provides a lag or *pole™ in the 
frequency response. Another way to view this RC 
network is as a bandpass filter in which the series- 
RC stops the low frequencies, and the parallel-RC 
stops the high frequencies. The lead and lag 
phases cancel at a frequency given by f, = (2a 
RC), providing the necessary O° net phase shift re- 
quired for oscillation. The RC network signal-loss 
at f, is Ys, so that the noninverting amplifier (pin 2 
to output) must provide a gain of 3. 


Astable Multivibrator 


This oscillator is based on a very different phenom- 
enon from what we have studied so far. The circuit 
has positive feedback and very high loop gain, but 
the waveforms are not sinusoidal. In fact, the out- 
put assumes one of two voltage states, except for 
short switching transitions. 


R=47k 





Comparator 
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FIGURE 2-12 Wien bridge oscillator. 


The IC shown in Figure 2—13 is a voltage 
comparator so that, as long as v3 is higher than v2, 
the output is ideally a constant, v, = + V,,. Oth- 
erwise, the output is Vv, = — Vee. A, and A, divide 
v, by the ratio R,/(R, + A), so that v3 = Vv, A,/ 
(R, + RA,). For the values shown in Figure 2-13, 
v, is either +6 V or —6 V. At the same time, 
capacitor C is charging from the previous switching 
point value of v; towards v, through resistor A. 


FIGURE 2-13 _ Astable 
multivibrator using an Op- 
amp. 
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Figure 2-14 shows the voltage waveforms at 
the inputs and output of the /C. At time t, the out- 
put has just switched to v, © V,, = +12 V. The 
voltage division of R,; and A, puts vz at + 6 V. vy 
= —6 V at &, Is the voltage across capacitor C. 


+12V 
ee 

2 a ee 
— +6 V 

been | 
—6V 
‘0 a ae +12V 
Se ee oe rT ay 


Ve =—6 + 18(1 —e7*/"C) Volts 


FIGURE 2-14 Waveforms for an astable 
multivibrator. 


This voltage cannot change instantaneously so that 
at t,t the voltage drop across Ff is v, — vz = 
+12 V — (—6 V) = 18 V, and the capacitor 
charging current is (t, +) = hp = (18 V)/47k = 
0.38 mA. The voltage across C, v>, rises exponen- 
tially towards + 12 V with a time-constant of RC 
= 47k X 0.01 wF = 0.47 milliseconds. v, never 
reaches 12 V because at t,, the instant that v. ex- 
ceeds v3 = +6 V, the comparator switches to 
the next astable state. The time required for the 
voltage on pin 2 to rise from —6 V to +6 V is 
found from vy = v. = —6 V + (18 V)\(1 — 
e"") Solving for t with vy. = +6 V is as follows: 
12 V/18 V = 1 — e°* therefore oe” = 1 — 
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2/3 = 3. The natural logarithm of both sides yields 
—t/RC = In V3 = —1.1. Hence, the time re- 
quired is t = 1.1 RC = 0.517 ms. Since this is 
one-half of the output squarewave period, f,, = 
1/7 = 1/(2t) = 1/(2.2 RC) = 967 Hz. 

In summary, the voltage v, = +V,, when 
[Vee] = Voor Ve = XV.AR AR, + A), t = 
— RC In[R,/(2R, + R,)] and 


f, = 14—2AC in{A,2R, + -R,)]} (2-3) 
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OSCILLATOR STABILITY AND 
SPECTRAL PURITY 


Oscillators are fairly simple circuits, but their per- 
formance is always critically important in commu- 
nication systems. Among the oscillator parameters 
which affect the performance of communication 
transmitters and receivers are frequency stability, 
including short-term noise variations and long-term 
drift, and signal purity, including noise variations of 
signal amplitude and harmonic distortion content. 
Signal spectral purity can be controlled with filters 
and automatic gain control (AGC) circuitry. AGC 
can also improve the short-term noise variations, 
but special attention to shielding and power-supply 
line filtering is required to minimize noise. 

The most critical performance parameter for 
an oscillator, however, is frequency drift. The long- 
term frequency stability of an oscillator is affected 
by aging in the components which determine the 
frequency of oscillation. Also, temperature changes 
affect the frequency-controlling components and 
cause the oscillator to drift. These frequency 
changes are characterized in terms of the temper- 
ature coefficient of the components and how these 
affect the overall temperature stability of the 
oscillator. 


Temperature Coefficient 


The temperature coefficient (TC) of a system pa- 
rameter is the fractional change in the parameter 
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per degree change in temperature, that Is 
TC = Af,/f, (2—A) 


The fractional change is usually given in percent or 
in parts per million parts (ppm), and the tempera- 
ture change is given in degrees Celsius (°C). As an 
example, the frequency TC of an oscillator might 
be given as +100 ppm/°C. This means TC = 
Af,/f, = (+100 Hz/MHz) per °C change in tem- 
perature. If the temperature increases by 20°C, 
then a 5-MHz oscillator will have a frequency In- 
crease determined as follows: Af,/f, = TC X 
AT = (+100 Hz/MHz/°C) X (20°C) = +2 
kKHz/MHz, and Af, = TC X AT X f, = (+2 
kHz/MHz) X 5 MHz = +10 kHz. That is, the 
oscillator frequency rises 10 kHz for a 20°C rise in 
temperature. 


Temperature Stability of Oscillators 


The frequency of an oscillator changes when the 
circuit temperature changes. This is because the 
Circuit components which control the oscillator 
frequency have nonzero temperature coefficients. 
The principle offenders in this regard are capa- 
citors. 

Capacitors are typically made by sandwiching 
a dielectric (nonconductor) material between two 
conductors. The capacitance is determined by 
C = €A/d, where A is the area of the conductors 
and d is the distance between the conductors; the 
conductors are separated by the dielectric material 
with dielectric constant €. A change in € or any of 
the physical dimensions of the capacitor results in 
a change in C. 

An excellent capacitor for tuning an oscillator 
is a silver-mica capacitor, often called a chocolate 
drop because of its characteristic oval shape and 
glossy brown finish. The temperature coefficient Is 
typically less than a few hundred ppm/°C of tem- 
perature change. If such a capacitor is used in a 
resonant circuit, the frequency change for a given 
change in temperature can be predicted from the 
capacitor TC and the resonant frequency relation- 
ship f, = 1/(27 \/ LC). The fractional change in f, 
as a function of capacitance change is found by 
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differentiating as follows: 


1 
f, = — (LC), 
Fang 


1 
— [—wILC)7 7 '4] 
27 


=i 
Pay LOL) 


one 


1 
co, f= 
2a \/ LC 2, 


side by f, and the right side by the equivalent of 7, 


| dC. Now divide the left 


O 


d 
namely 1/(27 VLC). The result Is F = 


O 





| 
— =e which, if the change in C is less than 10 


percent, can be written approximately as 

Af, AG 

— = = — (2-5) 
- C 
The result indicates that an increase of, say, 4 per- 
cent in capacitance (AC/C = 0.04) causes a 2- 
percent decrease in oscillator frequency. 


Improving the Frequency Stability of 
Oscillators | 


Experience with oscillators has shown that careful 
attention to circuit design and some tricks of the 
trade can help improve the frequency stability of 
oscillators. The following is a listing of important 
design considerations: 


1. Use circuit components with known temper- 
ature coefficients. This is especially important 
with respect to capacitors. 

2. Neutralize, or otherwise swamp-out with re- 
sistors, the effects of active device variations 
due to temperature, power supply, and circuit 
load changes. 

3. Operate the oscillator at low power. 


4. Use negative-TC capacitors to compensate 
for typically positive-TC tuned circuits. 





AO 


5. Reduce noise; use shielding, AGC, and bias- 
line filtering. | 

6. Follow the oscillator with a buffer amplifier to 
reduce the effects of load changes. 


7. Thermally isolate the oscillator; use an oven 


or other temperature-compensating circuitry 
such as thermistor- (sensitor-) capacitor net- 
works. 


8. Use a crystal to control the frequency. 


While typical LC tuned-circuit oscillators have 
temperature coefficients of approximately 500 
ppm/°C (perhaps 100 ppm/°C with compensa- 
tion), crystal-controlled oscillators (XOs) have 
better than 10 ppm/°C temperature coefficients. 
Temperature compensation circuits can improve 
XQs to a little less than 1 ppm/°C. These oscilla- 
tors are called TCXOs. Finally, oven-controlled 
crystal oscillators can achieve stabilities of 10° "°, 
but typical ovens require in excess of 4 watts to 
operate. 
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Crystals and Crystal Oscillators 





As mentioned in the last paragraph, crystai-con- 
trolled oscillators have excellent frequency stability. 
A crystal is a device which is usually made by cut- 
ting a pure quartz crystal in a very thin slice, then 
plating the faces with a conductor in order to make 
an electrical connection. This is illustrated in Figure 
2-15. The property which makes the quartz crystal 
useful in electronics is the piezoelectric effect. 


FIGURE 2-16 Temp- 
erature characteristics for 
two Y-cut quartz crystals 
(angle of cut given in —30 —20 
degrees and minutes of arc). 


Frequency change 
Af,/f, (ppm) 
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Pins for circuit connection 


FIGURE 2-15 Packaging for a crystal. 


The piezoelectric (pressure/electric) effect 
exhibited by quartz is a phenomenon whereby the 
application of an electrical voltage along certain 
axes or planes, called cuts, causes a deformation 
of the quartz material. The converse is also true; 
that is, if the crystal is deformed by pressure, an 
electrical charge develops along certain axes or 
faces of the cut crystal. What makes this property 
useful in oscillators and high-O filters is that the 
thickness, stiffness, and type of cut determines to 
a very high degree the frequency of vibration of the 
quartz. In addition, the physical properties of quartz 
are extremely stable with temperature. 


Crystal Cuts (Y, AT, and BT) 


Quartz has a hexagonal (6-sided) crystal structure, 
and a vertical cut parallel to any one of the six flat 
faces is called a cut. If the Y-cut is not made ver- 
tically but instead is cut at 35° 20’ from the ver- 
tical axis, an AT cut is obtained. The temperature 
Stability characteristic of quartz crystals depends 
on the type of cut (Figure 2—16). 





0 +10 +20 +30 +40 +50 +60 +70 
Temperature (°C) 


CRYSTALS AND CRYSTAL OSCILLATORS 


As an example of how knowledge about the 
crystal cut can be useful, consider the use of either 
an AT or BT cut crystal in a temperature-compen- 
sated crystal oscillator, TCXO. The simplest tem- 
perature-compensation circuits are linear and have 
the effect of rotating the Af,/f, curve of Figure 2— 
16 about the 7 = 20°C axis. Clearly, the AT-cut 
would be preferable to the BT-cut for this 
application. 


Equivalent Circuit, Impedance, 


and QO 


The equivalent circuit for a crystal is shown in Fig- 
ure 2-17A. Capacitance C, includes package Cca- 
pacitance and can be on the order of 7—10 pF for 
small packages; C, is on the order of 0.05 pF. On 
the other hand, L is huge for quartz crystals, on 
the order of tens of Henrys; and r is small because 
r represents the internal losses and relates to Q. 
The QO of crystals are commonly in excess of 10°, 
so r is less than a few Ohms. Notice from this 
equivalent circuit that the crystal has a parallel and 
a series resonance, and with C, * 140 C,, the 
separation between f, and f, would be on the order 
of 0.36: percent. 

Series resonance occurs at a lower frequency 
than f, because 


1 
on Vi LG. 


1 
where (== (2-6) 


p 
Gate 
On {=== 
VV iG. =P ey 


With these two expressions, it can be shown that 





eae, (2-7) 
: 26)" 


The magnitude of the impedance for a crystal 
is shown as a function of frequency in Figure 2— 
17B where the distance between f, and f, is greatly 
exaggerated for ease of illustration. 


Al 


>) 


A. Equivalent circuit of crystal. 





B. Impedance plot versus frequency. 


FIGURE 2-17 A. Equivalent circuit of crystal. 
B. Impedance plot versus frequency. 


Crystal Oscillators 


The circuit symbol for a crystal is shown in the 
feedback path of the Colpitts crystal controlled os- 
cillator of Figure 2-18. 

Notice that this symbol suggests a capacitor 
structure in which the dielectric is special. In this 
case, of course, the dielectric is a special cut of 
quartz with piezoelectric properties. This Circuit Is 
analyzed or designed in the same manner as the 
LC Colpitts (Figure 2-5). The LC tuned-circuit pro- 
vides a narrowband (high-Q) collector impedance 
for the grounded-base amplifier. Positive feedback 
is provided through the crystal, which Is operating 
near its series-resonant mode frequency, f. Of 
course, the LC tuned-circuit should be tuned at or 
near f, also. 
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BP = 
(Bypass) 


FIGURE 2-18 Colpitts 
crystal-controlled oscillator. 


Inductor L, is included in oscillators operating 
above about 20 MHz. The purpose of L, is to neu- 
tralize the 7—10-pF package capacitance, Cp, 
which at low frequencies would not be a problem. 
However, the impedance of a 10-pF capacitance 
above 20 Mlz is less than 1000 Q, so that high- 
frequency feedback signals can sneak by and never 
excite the quartz. You will know this has happened 
by the dumbfounded look on the designer's face 
when he or she tunes the LC tank circuit, and the 
oscillator output frequency changes a lot—it is not 
crystal-controlled. To avoid this embarassment, 
neutralize C, by parallel-resonating it with an induc- 
tance of approximately 

L,= 2-8 
_ (2a f.)°C, ai 

Another practical crystal-controlled Colpitts 
oscillator circuit is shown in Figure 2-19. The crys- 
tal is operating near its parallel resonant frequency, 
with C,; and C, providing feedback and source-to- 


— 
| | 





FIGURE 2-19 Colpitts 
crystal-controlled oscillator. 
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gate Impedance transformation. The high imped- 
ance RF choke (RFC) provides a dc-bias current 
path while C,, chosen for about 500 Q reactance, 
essentially becomes the source-circuit impedance. 
If a very low impedance load is used at the output, 
C3 will have to be adjusted downward in value so 
that the impedance at the source does not swamp 
Xe 


1" 


Harmonic Operation 


To increase the frequency at which the quartz 
crystal vibrates, the quartz blank is ground thinner 
and made smaller. Obviously, there is a physical 
limit to this process. The limit for sturdy, reliable 
fundamental-mode crystals is about 25 MHz. Like 
all mechanical resonances, there are higher-order 
modes so that you can purchase specially finished 
crystals for operation at the 3rd overtone (to about 
75 MHz) and 5th or even 7th overtones (to about 
125 MHz). 
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PROBLEMS 
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PIERCE CRYSTAL OSCILLATOR 





The Pierce circuit shown in Figure 2—20 Is an os- 
cillator which depends on the inductive component 
of the crystal equivalent circuit to provide a feed- 
back signal of correct phase. Recall from the gen- 
eralized impedance model of Figure 2—10B that Z,, 
which is represented by the crystal in the Pierce 
circuit, must have an opposite reactance to Z, and 
Z, (which are capacitors in this case). Conse- 
quently, if R, is large enough to provide the com- 
mon-source amplifier with enough gain, the circuit 
will oscillate at a frequency between f, and f, 
where the crystal is inductive. This provides opti- 
mum stability. Bias is provided to the FET from V,, 
through Ry. R, is on the order of 1 MQ and pro- 
vides a dc connection between the FET gate and 
ground. R,, bypassed for high gain by the BP ca- 
pacitor, provides self-bias (V, = /,R,) to the FET 
source lead. 





FIGURE 2-20 _ Pierce crystal oscillator. 


The Pierce oscillator is often used in applica- 
tions where different fundamental-mode crystals 
are switched in and out to provide various frequen- 
cies of crystal-controlled stability. Only 1st-over- 
tone crystals are used because, despite special fin- 
ishing and mounting, higher-overtone crystals will 
vibrate most strongly in the fundamental mode. 








Problems 


1. A three-stage amplifier is shown in Figure 2— 
21. Points A and B are both possible inputs 
to feedback the output. To which pin, A or B, 
would you connect the output in order to 
have the correct phase for an oscillator? 
Why ? 

2. Which of the circuits in Figure 2—22 is suita- 
ble as a crystal oscillator if the crystal must 
act inductively ? 


FIGURE 2-21 = 


3. An integrated circuit with high input and out- 
put impedances provides a voltage gain of 
+50 in the circuit of Figure 2-23. a. Name 
the oscillator circuit configuration. b. Calcu- 
late the loop gain. c. Will oscillations be sus- 
tained? Comment on both Barkhausen 
criteria. 


® Output 
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re Thee 


FIGURE 2-22 D. 


4. Determine the inductance value required for 
oscillations at 2 MHz for the circuit of Figure 
2-23. 

5. Determine the frequency of oscillation for the 
Clapp oscillator of Figure 2-8 with C, = 
1000 pF, C, = 4000 pF, C; = 100 pF, and 
L = 80 WH. Ignore resistive loading effects. 

6. For the circuit of Figure 2-24, assume the fol- 
lowing: n; = 20 Turns, n, = 10 T, ns = 2 
T, and n, is independent of n; and kK = 1. L, 
= 50 WH, Q, = infinity. For the transistor 3 
= 20 and /- = 1 mA. 


/, = 1mA, de 


FIGURE 2-24 


a. What value of C will tune the circuit to 1 
MHz? (Ignore transformer secondary 
reactances). 

b. Calculate base-collector voltage gain. 

Calculate loop gain. 

d. Should the n,:n; transformer invert the 
phase in order to make an oscillator? 
Why/why not? 


- 


B. C. 
cS 
[ oom Cc 
BE. F, 








ih, { 50 wH 


0,72 


e. Is there enough gain for oscillations to be 
sustained ? 


. For the circuit of Figure 2—25; a. Calculate 


the loop gain of this oscillator circuit. (Ignore 
mutual inductance.) b. Will there be sustained 
oscillations? Why/why not? 


PROBLEMS 


8. Colpitts oscillator analysis (Figure 2-26): 


Vosqg = 7.36V,V, = —4 V (pinch-off) 
bo = IZ MA, C, = 100 oF, G = 
2000 pF 


Assume: r, = 100 k, Z(gate) © ©, C, is an 


ac short circuit. 


Determine: 
a. Resonant frequency of drain circuitry. 
b. Tank impedance at resonance, Z,. [Tank 


Impedance includes all loading effects 
(power losses) as seen from drain-to- 
ground. | 


Very high impedance choke 


AFC 


C3 


1M =—~ BP 


c. Calculate gate-to-drain voltage gain, A). 
(The data given will yield g,,,.) 

d. Will oscillations be sustained? Why or 
why not? 

e. What is the function of C,? 

f. If L changes by 5 percent, how much will 
the resonant frequency change? 

Determine the frequency that the crystal 

should be cut for in Figure 2—27. Should it be 

series-mode or parallel-mode? If the crystal 

frequency temperature-stability is 5.0 ppm/ 

°C, determine the oscillator frequency after a 

rise in temperature of 50°C. Why L,? 


. An astable multivibrator has V,, = 15 V, Vege 


= —15V,R, = 47k, Rh = 56k, C = 

1000 pF, and an ideal IC. 

a. Determine the value of feedback resistor 
R, to produce a 50-kHz oscillator. 





(No bias 
shown) 


45 


1.3 mA, de 





S)/ =1mH 


8T 
500 
100 }27 
1k 
FIGURE 2-25 
FIGURE 2-26 

C, = 150 pF 

L, 
500 wH 






FIGURE 2-27 


b. Draw the wave forms at each input and 
output pin of the IC (with respect to 
ground). Include the peak voltage and an 
accurate time scale. 


. Design an astable multivibrator oscillator with 


R, = R, and f, = 100 kHz. Sketch the com- 
plete schematic with your component values. 








Introduction 


The oscillators of chapter 2 differ in the purity of 
their output signals. A tuned-circuit oscillator with 
a carefully controlled feedback level to eliminate 
distortion can approximate a pure signal source. 
Such a sinusoidal signal source output can be writ- 
ten as a function of time: v(t) = A sin 2rf,t 
where A is the peak amplitude, 7, is the frequency 
(assumed constant), and t is the variable, time. 
When distortion exists, as is always the case, 
higher harmonics of the fundamental frequency f, 
are present. In addition, dc, a voltage at zero fre- 
quency, usually exists so that the total output sig- 
nal at any instant in time can be determined by 
adding the instantaneous values of each compo- 
nent. This is expressed mathematically as v(t) = 
V,, + V, sin 2arft + V, sin 2r(2h)t +--+ > + 
V, sin 2anf,t + ..., where rn is the harmonic 


number and nf, is the nth harmonic of the funda- 
mental frequency. 
This can be written more compactly using the 
summation symbol, 2%, with the N harmonics. 
N 


Hence, v(t) = Vo + 2 V, sin 2anf,t, where V, 
n=1 

is the peak amplitude of the nth harmonic, and 

n= 1,2,3,4,...N. 

The term v, is the average (dc) value of the 
signal, and the sinusoidal terms, V, sin 2a(nf,)t, 
show the periodic variation of the signal from 
the average value. A periodic signal, such as 
V, sin 27f,t, is one which repeats itself every T 
seconds, where 7 is the period and is related to 
the repetition frequency by f, = 1/T. 
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FOURIER SERIES AND SIGNAL 
ANALYSIS 


Signal analysis is very important in communication 
theory and system and circuit design. In order to 
predict and understand electronic system and cir- 
cuit behavior, we use the results of mathematical 
analysis. In particular, we need to know the fre- 
quency, frequency range (bandwidth), and power 
level of signals. 


v(t) 


— 2 0 T/2 T 37/2 


FIGURE 3-1 
48 Squarewave signal. 


Most signals used in electronics are periodic 
in practice and can be analyzed in terms of the 
power, voltage, or current at the various frequen- 
cles in the signal. As an example, the waveform 
seen on an oscilloscope (time-domain picture) at 
the output of a multivibrator oscillator studied in 
chapter 2 is shown in Figure 3-1. 


Very narrow 
filter 





27 (Variable 


frequency) 


Wave analyzer set up to analyze the frequency components of a 


FOURIER SERIES AND SIGNAL ANALYSIS 


If this signal, usually referred to as a square- 
wave (notice the symmetry along the time axis) is 
analyzed for its frequency content, some remark- 
able discoveries are made. Suppose the square- 
wave oscillator signal is connected through a very 
narrow, variable-frequency, bandpass filter to a 
voltmeter as shown in Figure 3—1. Starting at f = 
O (dc), we get a voltage reading equal to A/2. This 
is the average value of the input squarewave with 
peak amplitude A. So there is a dc component 
present. This is not very remarkable because your 
eye and brain integrate this waveform to conclude 
that, if the signal is on for one-half the period and 
off for the other half, there is a positive average 
value—the dc component. 

What is remarkable, however, is that if the 
filter center frequency is slowly increased, the volt- 
meter reads zero until a frequency #4, which Is the 
fundamental frequency of the signal. The fre- 
quency f, is the repetition rate of the squarewave 
and is equal to f, = 1/7. A mathematical analysis 
predicts that the peak value of the voltage at this 
“first harmonic’’ f, will be 2A/m volts. 

In addition, there will be absolutely no reading 
on the voltmeter except at frequencies that are 
exact harmonics of the first harmonic f, and, for 
these squarewaves, only odd harmonics are pres- 


v(t) 
(Volts) 


ae a 0 T/2 T 


A. Square wave signal in time domain 
(oscilloscope picture). 
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ent. This has been analyzed mathematically using 
a procedure known as Fourier analysis*, and the 
result is written as the sum of the dc value and the 
harmonics present. That Is, 


vit} = V+ >. V, sin 2anf,t 


n=1 


A/2 + (2A/m) sin 2rf,t 


+ (2A/327) sin 27(3f,)t 
+ (2A/57) sin 2m(5f,)t + °°: 
+ (2A/nx) sin 2rnf,t + + ° (3-1) 


where V, = (A/na)(1 — cos nam). Because 
cos nr = +1 for even n, the even harmonics go 
to zero; because cos naw = —1 for odd n, the 
odd harmonics have peak amplitudes of 2A/an. 

This signal may be plotted in the frequency 
domain by letting time stand still and recalling the 
results of the wave analyzer experiment illustrated 
in Figure 3-1. The frequency-domain plot, shown 
in Figure 3—2B, is called the signal spectrum. 


* A Fourier analysis of the squarewave is performed in 
appendix A. The French mathematician Baron Jean Baptiste 
Joseph Fourier, 1768-1830, developed the *'Fourier se- 
ries’’ while studying heat conduction problems. 
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B. Signal spectrum in frequency domain 
(spectrum analyzer picture). 


FIGURE 3-2 
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Figure 3—3 shows a plot of the components 
in Figure 3-2B when 0 = 27f,t. Also shown is the 
sum at each instant of time. Here we see the ap- 
proximation to the squarewave with only the dc 
and first three harmonics present. 

You see in these figures that a squarewave 
can be produced with nothing but sinewave gen- 
erators. All you have to do is gather together and 
phase-synchronize many generators, set their fre- 


A Amplitude 
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quencies to harmonics of the fundamental rate f,, 
set the amplitudes of each harmonic to the value 
calculated from the Fourier series equation, and 
connect the outputs together into an oscilloscope 
to see the result. What you will observe is that the 
more higher-harmonics included, the sharper the 
squarewave. Put in another context, if you expect 
to transmit good sharp squarewaves, a very wide 
bandwidth is required. 


Fundamental (1st harmonic): 24 sin 6 


ZA. 
ng Bn neg 
n=1 


330 360° 
6 (degrees) 


FIGURE 3-3 Time plot of individual components of a squarewave (first seven 


components plus dc). 


Fourier Series of Other Wavetorms 


Other common signals have been analyzed by the 
procedure of appendix A, and the Fourier series are 
given in Figure 3-4. Notice, as illustrated for the 
squarewaves of E and F, that the presence of sines 
or cosines in the series depends on where the sig- 
nal crosses the tf = O axis. The reason is that the 
cosines peak at 6 = O° like the squarewave in F, 
whereas sines are zero at 8 = O° like the square- 
wave in E. This is also seen in Figure 3-3 where, 
if the t = O axis is taken at 9 = 90°, the Fourier 
series will consist of cosines with alternating -+ 
and — signs. This series of cosines is written in 
Figure 3-4F (with no de component). 


Another signal important in pulsed commu- 
nication systems deserves comment. The rectan- 
gular pulses of Figure 3-4G have a signal spectrum 
that includes odd and even harmonics of the fun- 
damental f,. Also, the amplitude of each harmonic 
is proportional to (sin nard)/nad, where d = 7/T 
is called the duty cycle of the pulses. As illustrated 
in Figure 3-5, for a 25-percent duty cycle rectan- 
gular pulse train, the spectrum goes through zero 
at integer multiples of f = 1/7. The spectrum has 
nulls at f = n/t because sine nat/T — O whenever 
nt/T is a whole number. This is because sine na 
= O (sketch a sinewave and prove this for your- 
self). For the particular case of T = 41, n/4 is a 


v(t) = 4 A cos 2nf,t 
a 







A sin 2nf,t 


— 





* (the rectifier input signal 
will have a period of 2 7) 









T—>| vit) = V, +A cos 2nf,t 


B. t 
Vo 
morta 2aigt — ig C08 BF DLN — Fi cos 2n(4f,)t +. 
AY i= 7 
= “+5 = aa 2aft + = STE cos 2m (nf,)t 
A Sad m1 ) : 
v(t) = ge REG 157 4 cos 2n(2h)t+.. 


=244 _4A(—1)" | 
> <li a Oa cos 2m (nf,)t 


v(t) = 24 sin anf,t + 24 sin 27(3f,)t + . 
= 2A sin 2m (nf, )t 
n, odd only 
An = 24 cos ant,t — 24 cos 2m (3f,)t + 24 cos 2n(5f,)t +. 
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= 20 (4 sin Al? \ cos 2n(nf,)t 


v(t) = AriT +S) (24 £) (sinattlT eos anti 


n=1 


v(t) = >: (4302814 )c0s an (ny 


n, odd only 
(special case of 50% "alternate inversion") 


v(t) = 8S cos 27f,t + 5c cos 27 (3Ff,)t + 5e-35 a 5 cos 2m(5f,)t +. 


— 8A 
- 2 Cnm)2 cos 2m (nf, )t 





v(t) = 24 isin Qnf,t — 4sin 2n(2f,)t + $sin 2m(3h)t+...] 


oo 


= 2506 1041) (24) sir 2n(nf,)t 


FIGURE 3-4 Some periodic waveforms and their Fourier series mathematical 


expressions. 
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FIGURE 3-5 Time waveform and frequency spectrum of 25-percent duty-cycle pulses. 
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FIGURE 3-6 _  Vanation of spectrum for narrowing pulses (smaller 7). 
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FIGURE 3-7 Variation of spectrum for increasing period T. 


whole number for every fourth harmonic of #,. The 
spectrum of harmonics up to the first null, f = 
1/T, is called the first Jobe or the main lobe. 
Since the first lobe includes frequency com- 
ponents up to f = 1/7, it is clear that as the pusles 
get narrower, more bandwidth Is required to trans- 
mit the first lobe of signal power. This is illustrated 
in Figure 3-6. The limit of this is shown in part C 
in which 7 — O and the pulses approach impulses. 
Since 7 — O, f = (1/r) — © and the spectral 
components would have constant amplitudes for 
frequencies extending out to infinity. This implies 
that, in order to produce a train of perfect im- 


pulses, infinite bandwidth and infinite power are re- 
quired. Of course, neither of these conditions can 
be realized in practice so true impulses are a math- 
ematical construct. 

Figure 3—7 shows the effect of keeping the 
pulsewidth constant while decreasing the pulse 
repetition frequency; that is, f, = 1/T, where T is 
increasing. As seen in part B, more and more com- 
ponents are included in the first lobe because the 
various harmonics, nf,, are getting closer together 
as f, decreases. In the limit, as the period increases 
without bound, 7 — ©, the spectral components 
become indistinguishable from one another and the 
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amplitudes blend into a continuous curve described 
by 
sin wtf 


Vif) = Ar ——— (3-2) 
UT Tf 


EFFECT OF FILTERS ON SIGNALS 


In this section we consider the effects on periodic 
signals due to ideal, linear-phase filters. The objec- 
tive is to introduce an important concept in an 
idealized fashion. 

The frequency response of a filter is shown 
in Figure 3-8. This figure shows graphically the 
ratio of output to input amplitude at any frequency 
and Is also referred to as a graphical transfer char- 
acteristic. The curve shows that an input sinusoid 
at 1 kHz passes through the filter unattenuated— 
Vor/ Vn = 1. However, the amplitude of a 2-kHz 
sinusoid will be decreased (attenuated) to one-half 
of its input amplitude—V,,,/V,, = 0.5. This is an 
attenuation of 6 db (20 log, 0.56 = —6 dB). Si- 
nusoids of 3 kHz or greater are reduced to zero; 
that is, they are completely filtered out. Also notice 
that any dc (f = O) component of the input signal 
will pass unattenuated through the filter. The fre- 
quency response is that of a low-pass filter which 
we will assume to have no time delays or phase 
shifts. 


em f(kHz) 





FIGURE 3-8 _  Low-pass filter frequency response 
(graphical transfer characteristic). Vertical axis shows 
gain (loss) versus frequency. 
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Now, suppose that a squarewave signal with 
1000 pulses/sec is applied to this idealized filter. 
What will an oscilloscope show at the output? 

Figure 3-9 illustrates the system being con- 
sidered. The oscilloscope picture (time domain) of 
the input 4-volt squarewave is shown in Figure 
3-9A as an input to the low-pass filter (LPF). The 
transfer characteristic of the LPF is also shown. 
Since the filter is characterized in terms of its ef- 
fect on the various input signal frequency compo- 
nents, we must determine what these components 
are. Fortunately, the mathematical work has been 
done for us, and the results for various signals are 
listed in Figure 3-4; for this particular signal, equa- 
tion 3-1 Is used because it includes the dc com- 
ponent. The frequency components for a 4-volt, 1- 
KHz squarewave are determined to be 


Bh 
v(t) = 2(volts dc) + — sin 2a(1kHz)t 
T 


Sg 8 
+ — sin 2%(3kHz)t + — sin 2a(5kHz)t 
3m 57 


+ ++ + volts. 


The spectrum is plotted in Figure 3-9B and is 
aligned with the filter transfer characteristic so that 
we can see what the effect will be on each input 
frequency component. The filter response curve 
gives the gain (actually a loss) at each input fre- 
quency. So, just like an amplifier input voltage is 
multiplied by the gain of the amplifier to get the 
output voltage, the amplitude of each input fre- 
quency component is multiplied by the filter gain 
to determine the output amplitude of that compo- 
nent. The dc component gets multiplied by 1 in the 
filter. The amplitude of the 1-kHz sinusoid is also 
multiplied by 1, as seen on the filter response 
curve. Now notice that any frequency component 
at 3 kHz or more will be multiplied by zero so that 
all of the higher harmonics are completely filtered 
out in the low-pass filter. The result is a frequency 
spectrum shown in Figure 3—9C where we see that 
the output signal will consist of a 2.55-V peak, 1- 
kHz sinusoid, superimposed on a 2-Volt dc voltage. 
This is easily sketched (see Figure 3-4B) on a time 
axis and is shown in Figure 3—9D. Thus, an oscil- 
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loscope will show a 1-kKHz sinusoid varying be- 
tween +4.55 V (2 V + 2.55 V peak) and —0.55 
Volts (2 V — 2.55 V peak). 

Please note that if other harmonics are pres- 
ent in the output, you must sketch each compo- 
nent carefully on a time axis. The resultant signal, 
as seen by an oscilloscope, is obtained by adding 


Input (Volts) 












LPF 








ote) 


the voltage values together for a particular instant 
of time and plotting this point for that time. As the 
resultant (sum) voltage for each instant of time is 
plotted, you will quickly see the overall shape of 
the resultant waveform. An example is now given 
which also illustrates the effect that phase distor- 
tion will have on the signal. 


Output (Volts) 







2.55 V 
peak 


2 
0.5 1.0 1 / 
A | Input D 7 
1 p 
_ (volts, peak) 
2,55 V 
2 
0.85. 
” 0.51 V 
f (kHz) 
B. 1 3 5 
Output magnitude 
(volts, peak) 
f (kHz) 
C. 


FIGURE 3-9 _ /nput/output waveforms by Fourier analysis (low-pass filtering of 
squarewave). A. Input squarewave. B. Input signal spectrum. C. Filter output 
spectrum. D. Output signal after low-pass filtering. 





EXAMPLE 3-1 


1. Sketch the harmonics and the resultant waveform for the first three non- 
zero components of the squarewave shown in Figure 3-10. This illus- 
trates the result of band-limiting a squarewave in a low-pass filter with 


cut-off frequency above f & 5f,. 


2. Now, show the results of phase distortion on this frequency-limited 
squarewave as observed on an oscilloscope. Let the 1st harmonic suffer 
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a 30° leading phase shift in the input circuit (high-pass filter) of an 
oscilloscope. 


4.7 Saar ¢ sin ent) 


n, odd only 






—4,7 
FIGURE 3-10 Waveform for example 3-1. 


Solution: 


Ae 


Figure 3-4E gives the Fourier series for this 4.71-volt squarewave as 
4(4.71) | sin @ 6 6 

vp = | = in SP + sin bP + ... , where 
T ] 3 oO 


2af,t is changed to 8 so that we can plot v(t) for different phase angles, 

6. First, 6 sin 8 is plotted for @ in steps of 10° to get good accuracy. 

This is repeated for (¥3)sin 30 = 2 sin 30 and for (%)sin 50 = 

1.2 sin 58. These individual component plots are shown in Figure 3-11 

along with the sum (resultant) of the components written mathematically 
5 


as V(t) = >» (6/n) sin n8@, with n odd only. 


n=1 





Pe el 





FIGURE 3-11 Squarewave after complete, ideal attenuation of all harmonics 
above the 5th (f > 5f,). 


HARMONIC AND PHASE DISTORTION 


eM 


2. Now, leave the 3rd and 5th harmonic signals alone and shift the fun- 
damental, f = f,, by 30° to the left. Plot the resultant. 

The result, shown in Figure 3-12, illustrates the t/t or sag that 

you observe when a (band-limited) squarewave is ac-coupled to an 


oscilloscope. 







RW - O10 N OO 


6 sin(@ + 30°) 


i sin 50 Z 


La Resultant sum (showing results of phase distortion) 


2 sin 30 


FIGURE 3-12 Band-limited squarewave with phase distortion. The fundamental 
is shifted 30 degrees to the left (lead) due to phase shift in an actual high-pass 
filter, such as the input circuit of an oscilloscope, ac-coupled. 


3-3 


HARMONIC AND PHASE 
DISTORTION 





The results of example 3-1 can be used to illus- 
trate the meaning of harmonic and phase distor- 
tion. Suppose a 1-kHz sinusoidal generator is con- 
nected to a 2-stage amplifier as shown in Figure 
3-13. If the generator output voltage is set too 
high, say 2 volts peak as illustrated, then the volt- 
age at the collector of Q, will be nearly a square- 
wave due to severe clipping. If the amplifier is in- 
tended for linear operations, the result is amplitude 
distortion. 

In addition, the input was a single sinusoid, 


and the output includes many harmonics of the 1- 
kHz input frequency. When harmonics are present 
at the output of a linear amplifier but not present 
at the input, the result is called harmonic aistortion. 
Hence, amplitude distortion gives rise to harmonic 
distortion. 

The input to the second stage of this system 
is a squarewave. However, if the reactance of the 
coupling capacitor at 1 kHz is XS (R, + A), 
then the 1-kHz fundamental frequency component 
will not lose much amplitude but will be advanced 
in phase more than normal for a linear-phase sys- 
tem, and the result will be the sag or tilt shown for 
v, in Figure 3-13. This is phase distortion. 

A linear-phase system is one in which the 
delay through the system is directly proportional to 


J8 


+12 V 
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-o V 


FIGURE 3-13 


frequency. This is illustrated for a low-pass filter in 
Figure 3-14. Stated mathematically, a linear phase 
system is one for which A@/Af is constant over the 
signal frequency range. 





FIGURE 3-14 Linear phase response. 


Total Harmonic Distortion 


Total harmonic distortion (THD) is given in most 
linear amplifier manufacturer’s data sheets. It is 
most easily measured with a wave analyzer (Figure 
3-1) or a spectrum analyzer. A very low-distortion 
sinusoid is applied at the amplifier inout and turned 
up to produce a specified power output. The am- 
plitudes of the various harmonics measured at the 
output are compared with the fundamental to de- 
termine the percentage of distortion for each har- 
monic. For instance, if the 2nd-harmonic amplitude 
is 2 volts and the fundamental is 10 volts, then the 
2nd-harmonic distortion is D, = 2/10 = 0.20 or 
20 percent. 


Total harmonic distortion is calculated as the 
rms sum of the individual harmonic distortion ra- 
tios. That is 


THD = V(D,)* + (Dj) +--+ + (Dd, (3-3) 


where D, is the distortion ratio of the nth signifi- 
cant harmonic produced in the amplifier. 


NONDETERMINSITIC SIGNALS 


Thus far we have considered the frequency spectra 
for deterministic signals; that is, given the ampli- 
tude, waveshape, frequency, and relative phase of 
a periodic signal, these signals are entirely predict- 
able and no more information is available (or 
necessary). 

If information is to be processed using elec- 
trial systems, we will be dealing with nondetermin- 
istic signals; that is, signals which are unpredictable 
at any given instant of time. Such signals are 
treated statistically and as time averages. 

A few examples of nondeterministic signals 
encountered in electronics are those derived from 
music, voice, video programming, digital data, and 
random noise phenomena. Since most interesting 
signals are nondeterministic, we need to learn how 


NONDETERMINISTIC SIGNALS 


to treat such signals without getting overwhelmed 
by mathematics. 

The electrical signals derived from audio, 
video, and data-programming change continuously 
and nondeterministically with time; consequently 
they are usually characterized as time averages, 
and their relative amplitude and frequency content 
are specified. As an example, voice and music typ- 


Amplitude Amplitude 


t f 
f, (max) 


FIGURE 3-15 Generalized time signal and 
frequency spectra for audio. 


Problems 


1. The squarewave of Figure 3-2 has a period 
of 20 milliseconds and a peak (and peak-to- 
peak) value of 10 volts. Determine the pulse 
repetition frequency and dc (average) voltage. 


2. The squarewave of Figure 3-2 has a peak-to- 
peak voltage of 5 volts. Determine the dc 
value and the peak values of the first 5 sinus- 
oidal components, f, through 5f,. 


3. Sketch the frequency spectrum of problem 2. 


4. a. Sketch the time plot of the components 
of problem 2 versus phase angle @. 
b. Sketch the composite (sum of all compo- 
nents) to show what the squarewave 
would look like if limited to the first 5 
harmonics. 
5. Determine the (peak) voltages of the dc and 
first 3 non-zero sinusoidal components for the 
following signals: 
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ically have strong low-frequency energy and pro- 
gressively weaker high-frequency content. Hence, 
generalized time and frequency spectra plots might 
look like those in Figure 3-15. 

The frequency components will vary as the 
music varies, but on the average the energy de- 
creases to a negligible amount at f,(max), as illus- 
trated in the two idealized spectra of Figure 3-16. 


Amplitude Amplitude 


f f 


f, (max) £, (max) 


FIGURE 3-16  /dealized audio frequency spectra. 


a. Half-rectified wave (Figure 3-4C) with 6 
volts peak amplitude. 

b. Full-rectified wave with 6 volts peak 
amplitude. 

c. Triangle signal (Figure 3-41) of 6 volts pk- 
pk amplitude. 

d. Saw-tooth of 6 volts pk-pk amplitude. 

e. Symmetrical squarewave of Figure 3-4F 
with 6 volts pk-pk amplitude. 

f. 5O percent alternate inversion rectangular 
pulses with 6 volts pk-pk amplitude. — 


6. A 6-volt peak, 60-Hz sinusoid is half-wave 
rectified with no loss of peak amplitude. If no 
filter capacitor exists, determine: 

a. The dc output voltage. 

b. Peak voltage of the output 6O-Hz com- 
ponent. 

c. Peak voltage of the 120-Hz component. 
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10. 


11. 


d. Power dissipated by a 500-Q output load 
for a-—c above, and the sum of these 
powers. 

e. Input power assuming a real 1-kQ input 
impedance. Compare to d. 


. Sketch the frequency spectrum for each of 


the signals of problem 5. 


Write the Fourier series of each of the signals 
of problem 5 assuming 7 = 1673 ms. 


A 6-volt peak squarewave is applied to the 
low-pass filter whose frequency response is 
shown in Figure 3-8. Determine the dc volt- 
age and peak amplitudes of the output 
components. 


If the period is 1 millisecond long, 

a. Sketch the input and output spectra for 
problem 9. 

b. Sketch the output waveform as seen on 
an oscilloscope. 


A 25-percent duty cycle, 3-volt peak, rectan- 
gular pulse train centered at the origin with a 
period of 1ms is an input to a low-pass filter; 
its frequency response is shown in Figure 
3-17. 

a. Determine the dc voltage and peak am- 
plitudes of the first five ac components (f, 
through 5f,) at the input. 

b. Sketch the filter output waveform as seen 
on an oscilloscope. 


V6/V, 


Oo 


0 1 kHz 2 kHz 


FIGURE 3-17 


12. A half-wave rectifier with no output filter ca- 


pacitor produces a 5-volt peak output as 
shown in Figure 3—18. 
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FIGURE 3-18 


a. What is the frequency of the input sinus- 
oid to the rectifier? 

b. Sketch the rectifier output spectrum up to 
and including the first four nonzero sinus- 
oidal components. 

c. If the rectifier output signal is the input to 
a low pass filter with the frequency re- 
sponse of Figure 3-18B, sketch the output 
spectrum and time-domain waveform. 


. A linear amplifier with a gain of 40 dB is ov- 


erdriven, resulting in the output shown in Fig- 

ure 3—19A. 

a. Sketch the filter output frequency spec- 
trum up to 5 kHz. 

b. The output signal is driving a low-pass fil- 
ter whose exact frequency response 
(spectrum) is shown in Figure 3—19B. 
Sketch the filter output frequency spec- 
trum, V,(f). 

c. Sketch accurately the filter output time 
waveform as seen on an oscilloscope. 

d. Write the Fourier series expression for the 
filter output waveform. 

e. Calculate the total harmonic distortion 
(THD). 


PROBLEMS 
V(t) Volts 
10 = 
A —0.25 O 0.5 1.0 1.5 t (ms) 
V/V; 
1 
0.5 
0 f 
B. 0 1 2 3 4 5 


FIGURE 3-19 


14. 


1. 
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f. How could the distortion be eliminated? 
(A little thought and analysis will show 
that mere filtering will not work). 


The following values are determined by wave- 

form analysis measurements at the output of 

a linear amplifier driven by a pure sinusoid: 

Vi = DV Vo = 2Vimg Vg = Vins 

a. Determine the percent of 2nd harmonic 
distortion. 

b. Determine the 3rd harmonic distortion. 

c. Determine the total harmonic distortion as 
a percent. 

d. Calculate the total output power into an 
8-Q load. 

Show the results of phase distortion if the 


fundamental frequency component of Figure 
3-11 is delayed (shifted to the right) by 30°. 








Introduction 


Noise can be considered as anything which, when 
added to an information signal, makes it more dif- 
ficult to extract the information. For instance, the 
low-frequency “‘hum’’ sometimes heard in the 
background when listening to amplified music or 
the random “‘speckles’’ sometimes seen on a tele- 
vision screen are examples of noise effects. Extra- 
neous noise which occurs sporadically, such as the 
interference from electrical phenomena in storms, 
machinery, and lights, is specific to a given envi- 
ronment and must be dealt with by appropriate 


shielding, grounding, and filtering. However, other 
noise phenomena occur within the circuit compo- 
nents used to transmit and receive information. 
These must be understood and controlled within 
the system. Since the presence of noise puts a 
lower limit on the signals which can be detected 
and an upper limit on the amount of gain that can 
be used before noise overload or distortion occurs, 
we must identify the noise sources and their power 
level. 








SYSTEM NOISE SOURCES 


Noise in electronic systems is basically due to the 
discrete character of the electrical charge. Electri- 
cal current is made up of individual packets of 
charge and is continuous only on a time-average 
basis. The noise generated by discrete charges in 
electronic systems has been identified and cate- 
gorized as thermal noise, shot and partition noise, 
flicker (1/f) noise, and burst noise (“popcorn 
noise’). 


Thermal Noise 


A material is a conductor at room temperature if 
its electrons are free to move about within it. For 
example, the energy in the electrons of materials 
used to make resistors is greater at room temper- 
ature than the energy required to bind them to a 
particular molecule. As the temperature is raised, 
the electrons get more energetic and move around 
in the resistive material, interacting with the mole- 
cules and other electrons somewhat like balls on a 
table in a pool game. 
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Since the random movement of electrical 
charge produces a current and a current in a resis- 
tor produces a voltage, we see that a resistor is a 
random noise generator. This random voltage or 
current is called thermal noise and is directly pro- 
portional to the temperature. This thermal noise is 
characterized by a waveform which never repeats 
itself exactly; that is, it is purely random and, as 
predicted by the kinetic theory of heat, the power 
spectrum Is flat with frequency. Since all frequen- 
cles are present in this thermal random noise, it is, 
like the sun with all its colors, referred to as white 
noise. 

The average noise power that can be deliv- 
ered to a system at a temperature 7 is given by 


N,, = kTB (4-1) 


where N,, = the average power in Watts 
T = absolute temperature in degrees Kelvin 
= X°C + 273° 
k = 1.38 X 10°” Watt/°K-Hz, Boltzmann‘s 
constant 
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B = the bandwidth in which the measure- 
ment is made, in Hertz 


Notice that the power of thermal noise is in- 
dependent of resistance. This is because any con- 
ductor, which by definition has electrons free to 
move around, is a source of noise power. On the 
other hand, if thermal noise is measured with a true 
rms voltmeter and if the noise meter impedance is 
matched to the impedance of the noise source, 
then the meter will read, in volts rms, 


E, = VkTBR (4-2) 


However, where impedances are not 
matched and a resistor is considered on its own— 
that is, as an open-circuited equivalent noise gen- 
erator with a series resistor R—then the noise volt- 
age would theoretically have to be —, = 
2VkTBR = \V4kTBR volts rms. Figure 4—1 illus- 
trates the 2-to-1 voltage drop when a 50-Q noise 
generator is connected to a system whose input 
impedance is 50 ). 

Thermal noise generally is not affected by the 
amount of bias current in a resistor, although it Is 
known that the ever-popular carbon resistor has an 
additional current-dependent noise which makes it 
unsuitable for critical applications. Electric current 
does affect the noise produced in semiconductors 
and vacuum tubes. The sources of noise which are 
bias-current dependent are shot noise, flicker 
noise, and popcorn noise. 


FIGURE 4-1 A. No R 
power delivered; open- 

circuited equivalent noise 

generator. B. Power 

delivered to the system is N 

= kTB, where B Is the 

equivalent noise bandwidth, 

system is impedance- 

matched to noise source. A. 


E, = V4kTBR 
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Shot Noise 


Historically, shot noise got its name in vacuum- 
tube days when someone imagined that electrons 
crossing the tube and striking the metal anode 
would produce a sound equivalent to pouring a 
bucket of shot (or BBs) over a metal plate. 

The same kind of noise is generated in semi- 
conductor junctions when the electrons with 
charge g, comprising an average current /., Cross 
a potential barrier. Indeed, a semiconductor diode 
anode, like its vacuum-tube counterpart, will heat 
up considerably from this bombardment of elec- 
trons. In addition, multielectrode devices like tran- 
sistors (triodes, pentodes, and so forth) produce a 
noise from the random “‘selection” of electrons as 
some go into base (screen grid) current, while oth- 
ers go into collector (plate) current. This is some- 
times referred to as partition noise and has a ran- 
dom shot noise effect. 

The power produced by shot noise is directly 
proportional to the bias (dc) current. Like thermal 
noise, shot noise is purely random and its power 
spectrum is flat with frequency. Measurements 
confirm that the mean-square value of shot noise 
is given by 


be = 2 qlg.B 


or i, = V2q1,B (4-3) 


where./, = rms-average noise current in amperes rms 
g=1.6 X 10°" Coulombs, the charge/ 
electron 
R=50 22 








dc bias current in the device, in amperes 
= bandwidth in which the measurement is 
made, in Hertz 


Oy 
| 


Equation 4—3 is valid up to frequencies com- 
parable to the inverse of the transmit time of elec- 
trons across the device junction. This is typically in 
the thousands-of-megahertz range—that is, in the 
gigahertz range. 

The equivalent noise generator concept can 
be used for a diode junction, just like the equivalent 





EXAMPLE 4-1 





Solution: 


4 lL, = V2ql,,B 





Flicker (1/£) Noise 


Flicker noise is associated with crystal surface de- 
fects in semiconductors and is also found in vac- 
uum tubes. The noise power is proportional to the 
bias current and, unlike thermal and shot noise, 
flicker noise decreases with frequency. 

An exact mathematical model does not exist 
for flicker noise because it is so device-specific. 
However, the inverse proportionality with fre- 
quency is almost exactly 1/f for low frequencies, 


Determine noise current and equivalent noise voltage for the diode in Figure 
4—2 with |,, = 1 mA. The noise is measured in a bandwidth of 10 MHz. 


= VALexX 10° "el X 1 Al10 & 10? Hz) 


56.6 nanoamps. 
2. The dynamic (not ohmic) junction resistance is f=r= 


26 2. Incidentally, KT/g can be between 25 and 40 mV at room temperature, 
depending upon the junction doping characteristics. 


E, = |, = (56.6 X 107° A)(26 Q) = 1.47pV. 
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noise generator for a resistor with thermal noise. 
This is shown in Figure 4—2. 


i 


FIGURE 4-2 Shot noise model 
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whereas for frequencies above a few kilohertz, the 
noise power is weak but essentially flat. Flicker 
noise is essentially random, but because its fre- 
quency spectrum is not flat, it is not a white noise. 
It is often referred to as pink noise because most 
of the power is concentrated at the lower end of 
the frequency spectrum. 

The objection to carbon resistors mentioned 
earlier for critical low-noise applications is due to 
their tendency to produce flicker noise when car- 
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rying a direct current. In this connection, metal film 
resistors are a better choice for low-frequency, 
low-noise applications. 


Burst Noise 


Burst noise is another low-frequency noise that 
seems to be associated with heavy-metal ion con- 
tamination. Measurements show a sudden shift in 
the bias current level which lasts for a short dura- 
tion before suddenly returning to the initial state. 
Such a randomly occurring discrete-level burst 
would have a popping sound if amplified in an 
audio system. Hence the nickname popcorn noise. 

Like flicker noise, popcorn noise is very de- 
vice-specific so that a mathematical model is not 
very useful. However, this noise Increases with bias 
current level and is inversely proportional to the 
square of frequency (1/f’). 


4-2 


NOISE SPECTRAL DENSITY AND 
CIRCUIT CALCULATIONS 





When making calculations of circuit noise, It Is nec- 
essary to determine the contribution of noise 
power from each circuit component. Then the 
noise power from all sources is added to get the 
total circuit noise. Also, it is convenient to make 
the calculations independent of bandwidth and 
then, in the final mathematical step, to expand the 
answer to include the full noise bandwidth. 


Let P, be the total noise power measured IN 
a bandwidth B. Then P,/B is the noise power in 
one Hertz of bandwidth and has units of Watts per 
Hertz (of bandwidth). This quantity is called noise 
spectral density and, when multiplied by the sys- 
tem noise bandwidth, yields the total noise power 
in Watts. For instance, the thermal noise power 
delivered to a receiver, which is impedance- 
matched to its receiving antenna, can be calculated 
from N,, = kTB. The noise spectral density, N,, \s 
determined from 


N, = N/B = kT (Watts/Hz) (4-4) 


When considering the noise in circuits with 
semiconductors and resistors of various values, 
noise voltages and currents are used in the calcu- 
lations. Also, the noise power spectral density Is 
used and the circuit bandwidth is included in the 
final calculation. As an example, consider the sili- 
con diode which is forward-biased by the resistor 
and 10-V power source in Figure 4—3. 


+10 V 


B = 100 kHz 


20 k R 


rms 
voltmeter 
Silicon 





T=+27C 7 


FIGURE 4-3 





EXAMPLE 4-2 


If the band-pass filter of Figure 4-3 has no insertion loss in the passband, 


what will the rms voltmeter read ? 


1. Noise generated by AR: This is thermal noise. The spectral density is from 


E,2/B = 4kTR 


(4-5) 
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E,/B = 4(1.38 X 10-* joules/°K) (273°K + 27°C)(20 kQ) 
= 3.32 X 107" volts’/Hz. This is noise spectral density. 


Noise generated by the diode: The thermal noise generated by the diode 
Is very small compared to the 20-k resistor because diode resistance iS 
just a few Ohms. Shot noise is far and away the greatest noise contri- 
bution of the diode. This is given as a spectral density by 


/,/B = 241, (4-6) 
SO we need to determine the bias current, Jae. 


1 OF VY 
a =" = 0.465 mA. 
20 k 


Thus, 


2 


iF 
a 2 X (1.6 X 107" Coulombs)(0.465 & 107? C/sec) 


= 1.488 XK 10°* A?/Hz. 


The linear model of the circuit is shown in Figure 4-4, where r, = 
0.026/I,, is the dynamic junction resistance of the forward-biased diode. 
We could show the polarity on the noise generators, but this would have 
little meaning since the noise signals are random. We will measure the 
voltage from point A to ground, after bandwidth limiting, So we need to 
determine the noise contribution of each source in volts. The thermal 
noise of the 20 k will create a noise current (spectral density) of 





EfB 332% 10°" A 
7 eS Be 0 
R (20 k) Hz 





FIGURE 4-4 Noise model 


NOISE SPECTRAL DENSITY AND CIRCUIT CALCULATIONS 


te | 
This Is - thermal. If you are wondering about squaring A, check the 


2 





= A’/Hz. This current will produce a voltage across the 


a ie 
n a n x re 
B therm B therm 


_ 26 mV 
~ 0.465 mA 


units: 5 
Ohms 
diode of /,r,, or 








55.9 Q. 


where fy 





, 
W 3 
> 
fl 
3 

ll 


A? 
(83 410-2 4 (55.9 Q)? 
Z 


2 


V 
26 xX 10°7'— 
Hz 


The diode shot noise current will produce a voltage of /, (shot) X r,, Or 


E 2 / 2 
B shot a te shot x ie 
Z. 


A 
1.488 X aa se xX (55.9 Q)? 
Zz 


4.65 X 107" V*/Hz. 


This is very IMPORTANT: random noise signals are, by definition, un- 
correlated: that is, they don’t necessarily peak at the same time. There- 
fore, you can’t just add £, therm to E, shot; you must add rms values. 
We add average power. So, 


F ? ie FE? 

“ total — em ry ses 
26 xX 10°7'+ 4.65 & 10°" 
0.026 X 10°" + 4.650 X 10°" 


= 4.676 X 10° * V’/Hz. 





Please notice that, for this example (which is typical) the shot noise is a 
lot stronger than the thermal noise. Finally, the band-pass filter takes in an 
infinite spectrum of noise (theoretically) and attenuates all except 100 khz of 
it before the voltmeter makes the measurement. This is illustrated in Figure 
A-5. To finish the problem, the voltmeter will measure a total noise voltage 
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of 







EF? FE? 
— thermal + — sot B 
B B 


= V4.676 X 10 "\V’ 
= 2.16 X 10°’ Vrms, 
so E,= 0.216 wV rms. 


Noise spectrum 4.676 X 10-'9V2/Hz X 105-0.216 uV rms 





BPF (Ideal) 
4.676 X 10-19 Vv2/Hz | ; | 
| ll : 100 kHz | ; 





FIGURE 4-5 _ Filtering the 
noise. 


This result for noise voltage may appear to show that not much noise is pres- 
ent, and indeed, this is the case. However, we need to keep this in perspective 
relative to the amount of signal which arrives at the input of a high-gain 


system. 
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NOISE AND FEEDBACK 





The calculations just completed demonstrate how 
noise from independent sources is combined. The 
same techniques are used for circuits with transis- 
tors and operational amplifiers. Negative feedback 
does not affect the amount of noise at the output. 
The noise from resistors and semiconductors is 
combined as if no feedback exists, although it 
should be obvious that the contribution of each 
component in the network must be included. 
Please remember that noise is the result of 
random processes. Consequently, the instanta- 
neous phase and frequency is random and there is 


no possibility of canceling the input noise by feed- 
ing-back noise from the output. If this well-estab- 
lished fact were not true, noise would no longer be 
a problem in communication systems because we 
would simply use a negative feedback amplifier to 
cancel It out. 

Negative feedback can, however, help with 
certain interferring noise signals such as the 6O-Hz 
“hum” often picked up in audio systems from ac 
Power sources. Also, there are noise canceling cir- 
cults found in some systems such as television re- 
ceivers which can detect extraordinarily strong 
noise impulses and momentarily close a switch to 
short the impulses before they can affect the 
system. 


NOISE BANDWIDTH 
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NOISE BANDWIDTH 








To this point in the discussion of circuit noise, the 
effects due to capacitors and inductors have not 
been mentioned. Also, an ideal rectangular system- 
bandwidth has been assumed. Here we consider 
the noise spectrum in nonideal, that is real, circuits. 

Capacitors and inductors are present in all 
communication systems, but any noise power ex- 
tracted from them is determined by the resistive 
component of their impedance. Low-Q devices can 
contribute noise due to the resistive components In 
the conductors and dielectric materials from which 
they are made. These effects are usually small 
compared to the noise from other resistors and 
semiconductors in the system. 

The real effect on circuit noise due to the 
presence of capacitors and inductors is from their 
effect on the bandwidth. If a wideband random 
noise source is connected to a band-limiting filter 
and displayed on a spectrum analyzer, the noise 
spectrum is observed to have the same shape as 
the filter frequency response. This is illustrated in 
Figure 4-6 for a simple RC low-pass filter. 

You will notice that, while the output noise 
spectrum follows the shape of the filter response, 
the noise never does go to zero as you might ex- 
pect from the filter transfer function, V/V, = 
1/(1 + jf/ f,), which goes to zero as f > 00. The 
reason is that, even if an actual capacitor could be- 
come a perfect short at very high frequencies 


Wideband 
noise 


FIGURE 4-6 The output ees 
noise spectrum is the same | 
as the filter frequency 
response. 


il 


(which it cannot), or if an actual resistor had no 
“leak-by’’ internal capacitance, the flat noise ob- 
served on the spectrum analyzer is wideband noise 
generated in the analyzer itself. Thus, the noise ob- 
served will never drop below the system “noise 
floor.’” In particular, the noise will not be less than 
N, = KTB. 

What we have to consider now is what value 
of B should be used in calculating the total noise 
power at the output of the filter (disregarding the 
spectrum analyzer noise). It is clear from Figure 
4-6 that there is more noise beyond f,, the cutoff 
frequency of the filter. It turns out that there Is a 
very simple solution for the case of a first-order RC 
(or RL) network such as that in Figure 4—6. The 
noise can be considered to have a rectangular 
shape of width equal to the equivalent noise bana- 
width given by 


Bo = (n/2)f, (4-7) 


eq 


where f, is the 3-dB cutoff frequency of the RC 
filter. This says that, for this particular filter shape, 
the total noise power adds up to 5/7 percent more 
than that of a flat spectrum out to f. 

In general, the equivalent noise bandwidth for 
systems with more complex spectrum shapes 
must be determined mathematically if great accu- 
racy is desired. The procedure is to integrate, 
mathematically or by graphical methods, the noise 
spectral density over the entire system frequency 
response shape. If the noise spectrum itself is not 
flat, such as for 1/f flicker noise, then Its shape 
must be included, and the equivalent noise power 


Spectrum analyzer 
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bandwidth is determined from 
B,, = | [Vo/V,(f)]°M f) of (4-8) 


where Mf) is the noise power spectrum and the 
squared term is the system power spectrum trans- 
fer function. 

Other aspects of noise in communication sys- 
tem design are considered in the chapters to fol- 
low. For instance, noise figure, noise temperature, 
and signal-to-noise ratio and their effects in com- 
munication receivers are introduced in chapter 5. 
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In chapter 13, the statistical nature of instan- 
taneous noise voltage peaks is considered for its 
effects on errors in digital data communications. 
The peak voltage distribution of white noise is typ- 
ically Gaussian and remains so when statistically in- 
dependent random noise sources are combined. 
Gaussian distributions also remain Gaussian 
throughout linear systems. This fact tends to hold 
up reasonably well even in real systems which are 
not linear in a Guassian sense, because Statistically 
there must be occasional infinite peaks. 








PROBLEMS 


1. Calculate the thermal noise delivered to a Sys- 
tem with a bandwidth of 1 Hz operating at 
17°C. Distinguish between the type of noise 
produced by a 1-k resistor and a semiconduc- 
tor junction. 

2. Determine the open-circuit noise voltage in 1 
Hz of bandwidth at 290°K for the following: 
a. 1-k resistor. 

b. 26-Q resistor. 

c. Diode biased at 1 mA. 

d. Diode biased at 16 mA. 

e. Distinguish between the types of noise for 
a—d. 

3. Determine the total noise voltage for the cir- 
cults of Figure 4—7. The equivalent noise band- 
width is 1 MHz and 7 = 300°K. 


FIGURE 4-7 


1k 
IZ ¥Y 
1k : V V (Silicon) V 
A. B. C. 


4. Determine the equivalent noise bandwidth for 
a single RC low-pass filter if R = 20k and C 
= 0.1 uF. 

5. A Tektronix 475, 200-MHz oscilloscope has Z, 
= 1 MQ shunted by 20 pF. 

a. Ignoring the 20 pF, calculate the theoretical 
noise voltage at the input. 

b. Calculate the noise voltage if the bandwidth 
Is determined by the 20 pF. (Assume a rec- 
tangular bandwidth.) 

c. If the scope internal circuitry adds 26 dB of 
noise, determine the effective noise voltage 
at the input. 

d. If the scope input sensitivity is 2 mV/divi- 
sion how many divisions (or fractions of a 
division) should be observed on the scope 


22.6 k 


PROBLEMS 73 


+10 V 


screen? (Use the rms noise value). 
6. For the circuit of Figure 4-8: 
a. Calculate the thermal noise spectral density 


of Az. 940 k 
b. Calculate the shot noise spectral density 


generated in the emitter-base junction of 





Q,. 
c. Ignoring the thermal noise of the 4-k resis- T = 300°K 
tor (insignificant compared to the rest), de- 8B = 100 i 
termine the total rms noise voltage at v,. Vee = 0.6 V - Shot noise 


For convenience, assume that the fre- 
quency response due to the 40 pF capaci- 
tor is flat up to the cutoff frequency f, and 
then breaks down sharply. 


FIGURE 4-8 





Introduction: Information Transfer 


Electronic communication involves the study of 
how information is transferred from one place to 
another over electronic channels. The emphasis in 
this text will be on the techniques for transferring 
the electrical signals. 

Information in the form of sound or visual im- 
ages is processed into electrical signals by trans- 
ducers. A microphone is the transducer for con- 
verting energy in the form of sound pressure waves 
into electrical energy; a television camera is the 
transducer for conversion of visual images into 
electrical video signals. Further electronic process- 
ing can convert these signals into a digital format. 

Once the information is processed into suit- 
able electrical signals, we must determine how 
these signals can be transmitted over long dis- 
tances and then made available for one or millions 
of users. There are numerous approaches and 









technologies for accomplishing this feat, but the 
most general breakdown of the basic elements in- 
volved in a single channel of information transfer is 
shown in Figure 5-1. ; 

This figure illustrates, in a block-diagram 
form, information gathered, transformed into elec- 
trical signals, and processed for transmission. Typ- 
ical transmission media are transmission lines or 
optical (light) cable, and space—from antenna to 
antenna. The distances and broadcast coverage in- 
volved usually result in vast energy loss, thus re- 
quiring very sensitive receiving and processing sys- 
tems before the signals can be reproduced into the 
desired form for the user. Our objective will be to 
break down each block of Figure 5-1 and study 
the requirements and techniques used to realize 
typical communication systems. 





















Transducers 
Ee F = 
Fe by - Processing Transmitter Transmission Receiver/ he Transducers | (VY User 
medium Processing Pe 
TL tData> ELF. 
Information Reproduced 
source information 
FIGURE 5-1 = /nformation transfer. 
COMMUNICATION SYSTEMS 


The system design requires knowledge of the 
physical form of the information and the distance 
over which it is to be transmitted. With this and 
the desired quantity and quality of the information 
transfer, an appropriate signal form and transmis- 
sion scheme can be devised. The quantity aspect 
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involves determining the amount, speed, and effi- 
clency of information transfer through a finite 
bandwidth channel. The quality aspect involves the 
determination of how precisely the received infor- 
mation represents what was transmitted. 

The information must be converted to elec- 


COMMUNICATION SYSTEMS 


trical energy in an analog (continuous) or pulse (dis- 
crete) form for processing in electronic circuits. 
Analog information is usually characterized by the 
power/frequency spectrum content of the electri- 
cal signals, whereas information in a discrete or 
pulsed form is characterized with respect to the 
basic unit of information, the bit. Digital transmis- 
sion quantity is given in bits of information per sec- 
ond, and the number of incorrectly received bits 
per unit time, the bit error rate, is a measure of the 
transmission system quality. Much more on this 
and other aspects of information theory is given In 
chapter 12, which introduces digital and data 
transmission systems. 

As a practical matter the transmission of in- 
formation over long distances involves the use of 
analog (that is, continuous-wave) facilities such as 
telephone and cable-TV transmission wires, coaxial 
cables, fiberoptic (glass) cables, and other dielec- 
tric-material media including the earth's atmo- 
sphere and space. 

Most of the information that people have tra- 
ditionally communicated falls into the sound (audio) 
band of frequencies. The audio band also includes 
low-speed digital data pulses for printed text and 
limited computer terminal signals. Transmission of 
high-speed data from a computer requires in ex- 
cess of 100 kHz of bandwidth, whereas fast- 
changing video signals such as those from a 
television broadcast require about 4 MHz of 
bandwidth. 

The next few chapters will cover basic analog 
communication techniques and, for simplicity, will 
emphasize audio information signals. Later chap- 
ters will be devoted to the study of video and high- 
speed data transmissions. You will notice as you 
study various transmission techniques that a few 
concepts keep repeating; these are the common 
threads of all communication systems. Each will be 
defined in the text, but here is a list of the terms 
to look for: 


e Bandwidth (usable frequency range)—Infor- 
mation signal bandwidth versus system/cir- 
cuit bandwidth. 


va 


e Information rate (versus bandwidth)—-Mea- 
sures of the maximum signal rate of change 
that affects audio fidelity and brillance, video 
sharpness and resolution, and digital data bit 
rate. 


e Noise interference (versus bandwidth)— 
Signal-to-noise ratio for analog and digital sig- 


nals; timing jitter and bit error rate for digital 
systems. 


e Distortion—Frequency and phase distortion 
(versus bandwidth) and amplitude distortions 
in analog systems. Digital pulse spreading and 
intersymbol interference (versus bandwidth). 
Dispersion, multipath, voice echos, and video 
ghosts. 

e Multiplexing—Simultaneous signaling sepa- 
rated by time, frequency, or phase. 


O=2 


VOICE TRANSMISSION AND 
MULTIPLEXING 





The audio (sound) frequency spectrum is limited to 
less than 20 kHz because the human ear cannot 
detect sound above this frequency. The important 
part of the frequency spectrum for speech de- 
creases above 1 kHz, so voice transmission over 
typical analog telephone circuits requires less than 
3.5 kHz of total bandwidth for reasonable intelligi- 
bility. However, high-fidelity music extends into the 
region of 15 kHz, so uncompensated telephone cir- 
cuits are not appropriate for transmitting music. 

Suppose you and 99 others want to transmit 
100 different music programs to thousands of 
homes in your area. One solution might be to set 
up 100 large speakers and as many large audio 
power amplifiers, resulting in flooding the com- 
munity with sound-pressure waves. 

Even if you could convert the sound pressure 
waves to electromagnetic waves, which ears don't 
respond to, you would still have at least two seri- 
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ous technological challenges in transmitting audio 
frequencies through space. First, antennas would 
be HUGE—measured in miles (see chapter 15). 
second, all signals would be received on the same 
antenna, and one station could not be separated 
from the next unless everyone agreed to transmit 
at separate times of the day. Such a transmission 
arrangement is a rough example of what is called 
time-division multiplexing (TDM). 

The solution to both of these challenges is to 
send the audio (or video) signal on a high-frequency 
“carrier’’ and have each station use a different car- 
rier frequency—this is called frequency division 
multiplexing (FDM) and is illustrated in Figure 5—2. 


o-3 


MODULATION 








The process of transferring information signals to 
a high-frequency carrier is called modulation. 


Station 1 carrier 


Information 


FIGURE 5-2  Frequency- 
division multiplexing (FDM) 
of three (or more) 


N 
a" 


information sources. ie 


A high frequency carrier signal has three dif- 
ferent parameters that could be modulated (varied) 
in order to make it carry the information that we 
want to transmit: these are amplitude, frequency, 
and phase. When the amplitude of the carrier is 
varied in accordance with the information signal, 
amplitude modulation (AM) is produced. Likewise, 
frequency modulation (FM) or phase modulation 
(PM) results when the information signal varies the 
Carrier frequency or phase. 
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AT&T microwave relay station near Boulder Junction, 
Colorado. 


Station 2 carrier 


Pet 


ee 


f2 f3 


Amplitude Modulation 


An unmodulated sinusoidal carrier signal can be de- 
scribed mathematically as 


e, = E, cos 2rf,t (5-1) 


where E, is the peak continuous-wave (CW) am- 
plitude and f, is the carrier frequency in Hertz. Fig- 
ure 5-3 illustrates the result of amplitude modula- 
tion of the carrier by a squarewave and a sinusoid. 


MODULATION 


High-frequency 
carrier, €, 





Amplitude 
modulator 


eS . 
t Modulating 
e, = &, cos 2nf,t signal, e, 


a. No modulation 


b. Squarewave 


Be I 
Nf 


The sinusoidal modulating signal of Figure 5—3c 
can be described by e,, = E,, cos 27f,,t, where E,, 
is the peak voltage of the modulation signal of fre- 
quency fr. 

Notice that the carrier amplitude in 5—3C Is 
varying at the same rate #,, as the modulating sig- 
nal. Also, the amount by which the amplitude var- 
ies is proportional to the peak modulating voltage 
E,. Hence, the modulated output signal can be de- 
scribed mathematically as 


c. Sinusoid 


amplitude of carrier 


2S Sas 
e = (FE, + E,,cos 2mf,,t) cos 2m ft (5-2) 
oo he 
Se 


sinusoidal variation of 
carrier sinusoid carrier amplitude 
(average value due to modulating 

of modulated signal 

signal peaks) 


peak value of 


The sinusoidally modulated AM signal is shown in 
Figure 5-4. For an arbitrary information signal 
mit), the AM signal is described mathematically as 


e(t) = [E, + m(t)] cos 2rf,t (5-3) 


Modulation Index 


By increasing the amplitude &,, of the modulating 
signal E,,sin 27f,,t, the amount of power in the in- 
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Amplitude-modulated 
output signal, ¢ 


FIGURE 5-3 Amplitude 
oz Vue modulation. 

formation part of the transmitted signal is_ in- 
creased relative to the power used for the carrier. 
Since we would like the total power transmitted to 
contain as much information power as possible, a 
figure of merit called the modulation index, m, |s 
used. The AM modulation index is defined by m, 
= E£_/E,. Hence, the AM signal can be written 
for sinusoidal modulation as e = Fl + 
m, cos 21f,,t) cos 2mf,t. The most convenient way 
to measure the AM index is to use an oscilloscope: 
simply display the AM waveform as in Figure 5-4, 
and measure the maximum excursion A and the 
minimum excursion B of the amplitude “envelope” 
(the information is in the envelope). The AM index 
is computed from* 


_A-8 
A+B 





Mm, (5-4) 
The numerical value of m, is always in the range 
of O (no modulation) to 1.0 (full modulation) and is 
usually expressed as a percentage of full modu- 
lation. 





*From Figure 5-4, A = 2(—, + &,,) and B = 2(E, 

— F.). Solving for £, and &,, in terms of A and B will then 
i= B 

yield m, = &,,/E, = _ It should be clear that peak 
At 8s 





measurements A/2 and B/2 will yield m, also. 
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Unmodulated carrier frequency, fF, 


Ee, 
FIGURE 5-4 
A. Amplitude-modulated A. 
signal. B. Information signal 
to be transmitted by AM. B. 


EXAMPLE 5-1 





Amplitude-modulated wave, 
e=(E,+E,, cos 27f,,t) cos 27f,t 


YN neclater signal (information) frequency, f,, 


If A = 100 volts and B = 20 volts, determine the percent of modulation, 
the peak carrier voltage and the peak value of the information voltage. 


1. Mm, = 


100 ¥ — 20 V 
100 V + 20 V 


= 0.667, which is expressed as 66.7 % AM. 


2. The average of the two peak-to-peak measurements is the peak-to-peak 
amplitude of the unmodulated carrier 2E,. Hence, the peak carrier volt- 
age can be computed from measurements of A and B as follows: 


2E, = 
2 


100 V + 20V 


= 60 V pk-pk, and F, = 30 V pk. 


m,E, = 0.667 * 30 V pk = 20 V pk. 


If more than one sinusoid, such as a musical 
chord (i.e., a triad, 3 tones), modulates the carrier, 
then we get the resultant AM index by RMS-av- 
eraging the indices that each sine wave would pro- 
duce. Thus, in general, 


m= Vii tmtm+:++ +m (5-5) 
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AM SPECTRUM AND BANDWIDTH 


The amplitude-modulated signal of Figure 5-4 for 
sinusoidal modulation consists of three high- 
frequency components and no low-frequency com- 





ponents. Consequently, the AM signal can be 
transmitted from a high-frequency antenna of rea- 
sonable size. To show the three high-frequency 
components, called the carrier, upper sideband, 
and lower sideband, let us analyze the mathemat- 
ical expression for the AM signal from equation 
5-2, 


e= (6, + &,, cos 2rf,f) cos 2arft 
= £006 2r7,t + 6, ces Zrii? cos Z2r7t 


The second term of this expression can be ex- 
panded by the trigonometric identity cosAcosB = 
Ylcosi\A — B) + cosi(A + B)], to read 
YE, lcos 2mlf, — f,)t + cos 2a(f, + F,)¢l. 
Since the carrier frequency is usually at least 100 
times higher than the highest modulation frequency 


AM SPECTRUM AND BANDWIDTH 


(f, > 2f, is absolutely required), the AM is seen 
to be the sum of three high frequency signals 


e = E,cos 2rf,t carrier 


En 
+ gos Zrii, Fit lower sideband, LSB 


Ee . 
+ Oe 2a(f, + f,)t upper sideband, USB (5-6) 


There is a lot of information to be gained from this 
expression, not the least of which are frequency 
spectrum, bandwidth, and power relationships. A 
plot of voltage versus frequency, the frequency 
spectrum is shown in Figure 5—5A. Figures 5-5 
and 5-4 correspond to spectrum analyzer and os- 
cilloscope displays of the AM signal in which the 
three high-frequency sinusoids beat together, 
sometimes adding and sometimes subtracting, to 
produce the sinusoidal amplitude variation of the 
carrier. In Figure 5-6, the AM signal is shown to 
be the instantaneous phasor sum of the carrier f,, 
the lower-side frequency f, — f,,, and the upper- 
side frequency f, + f,. 


Volts, peak 





f( Hz) 


f.—f, f, f+ 


FIGURE 5-5 Frequency spectrum of the AM signal 
shown in Figure 5—4. 


The phasor addition is shown for six different 
instants, illustrating how the instantaneous amplli- 
tude of the AM signal can be constructed by pha- 
sor addition. Notice how the USB (f, + 7), which 
is a higher frequency than £, is steadily gaining on 
the carrier, while the LSB (f. — f,,), a lower fre- 
quency, is steadily falling behind. 


81 


Sidebands 
(USB) 





Carrier 


FIGURE 5-6 AM represented as the vector sum of 
sidebands and carrier. 


The last phasor sketch in Figure 5-6 shows 
the phasor relationship of sidebands to carrier at 
the instant corresponding to the minimum ampli- 
tude of the AM signal. You can see in this sketch 
that if the amplitude of each sideband is equal to 
one-half of the carrier amplitude, then the AM en- 
velope goes to zero. This corresponds to the max- 
imum allowable value of &,,; that is, E,, = E, and 
m = 1.0 or 100-percent modulation. 

As illustrated in Figure 5—7B and C, an ex- 
cessive modulation voltage will result in peak clip- 
ping and harmonic distortion, which means that 
additional sidebands are generated. Not only does 
overmodulation distortion result in the reception of 
distorted information, but also the additional side- 
bands generated usually exceed the maximum 
bandwidth allowed. For commercial AM broadcast, 
the FCC (Federal Communication Commission) 
specifies 10-kKHz bandwidth because carrier fre- 
quency assignments are allocated from 540 to 
1600 kHz in 10-kKHz increments. This means that 
the maximum modulating frequency must be an 
undistorted 5 kHz; otherwise the transmitted spec- 
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trum spills over into an adjacent channel (station), 
causing interference called cross-talk. 


100% AM 


B. Aftfp—af fie > 


Overmodulation 


Cc. P 


FIGURE 5-7 A. m, = 1.0(100% AM). B. The 
result of overmodulation which corresponds to the 
spectrum in C. 


The bandwidth of the AM signal is very easy 
to determine from the frequency spectrum of Fig- 
ure 5—5 because bandwidth is measured in terms 
of frequency. The entire AM signal is seen to exist 
in a bandwidth of 2f, centered at the carrier 
frequency. This can also be calculated from 
(f, + fn) — (f, — f,) = 2f, = BW. For example, 
if a 1-MHz carrier is modulated by a 5-kHz tone, 
the bandwidth required to transmit and receive all 
of the AM signal is 2 X 5 kHz = 10 kHz centered 
around 1 MHz. This information bandwidth is not 
necessarily the appropriate 3-dB bandwidth re- 
quired of a single tuned-circuit that might be ex- 
pected to pass the AM signal without distortion. 
To pass this signal without distortion, the overall 
system bandwidth should be flat and the overall 


EXAMPLE 5-2 


system phase response should be linear over the 
10-kHz information bandwidth range. 
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POWER IN AN AM SIGNAL 








To determine the power in an AM signal, consider 
equation 5-6. If this voltage signal is present on an 
antenna of effective real impedance AR, then the 
power of each component will be determined from 
the peak voltages of each sinusoid. 


{ae Cee 
R R OR 


P= 
So for the carrier, P, = E%/2R, and for each of 


the two sideband components, 


[(m,/2)E./ V2) m2 E2  m? 
R 4 2R 4, 








P, 


Therefore, 
Pen = m2P./4 | (5-7) 
where P;,, denotes the power in one sideband only. 


The total power in the AM signal will be the sum 
of these powers. 


Font = Patt Pigg AM Pies 
2 2 


mM m 
p, + — P, + — P, 
4 4 


ny 
2 (5-8) 





Determine the power in each spectral component of the AM signal of example 
o—1 in which EF, = 30 V pk and m is 66.7%. Let the effective impedance 


be 50 Q. 


POWER IN AN AM SIGNAL 


Solution: 







— — eS 


Also, the total power in the AM signal is 


p= owt IWw+iw=ow( 
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NONSINUSOIDAL MODULATION 


SIGNALS 


When complex nonsinusoidal signals amplitude- 
modulate a carrier, the frequency spectrum tells us 
more than the oscilloscope (time-domain) display. 






m(t) 
(Volts) 
A. B 
rg 
M(f) 
Cc D. 
, 
0 f, (max) 


2 
—- ee = 11 Watts 
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This is illustrated in Figure 5-8 for a generalized 
time-varying signal as might be produced in typical 
broadcast programming. The information signal is 
continuously changing but has a maximum range 
(band) of frequencies. Figure 5-8C shows that the 
information signal includes frequencies almost 
down to dc (f = 0) and as high as f,(max), but 
most of the information is in the lower midband of 
frequencies. The information signal in modulated 


e=[(E,+ m(t)] sin 27f,t 


FIGURE 5-8 _ A. Information signal 
(modulation). B. AM output (time domain). 
C. Frequency spectrum of m(t). 

D. AM output frequency spectrum. 
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systems, as illustrated by Figure 5—8A, is often re- 
ferred to as the baseband signal, and the spectrum 
of 5—-8C is the baseband spectrum. 

The modulated signal spectrum of Figure 5— 
8D consists of the upper and lower sidebands on 
either side of the carrier. This figure clearly shows 
that the information bandwidth of the AM signal is 
2f,,(max). 

lf an AM transmitter is modulated by a digital- 
data signal, the carrier amplitude shifts between 
the digital states, and the resultant transmitted sig- 
nal is called amplitude shift key (ASK). In the spe- 
cial case wherein the transmitter is keyed entirely 
off and on to transmit the information, the process 
is called on-off keying (OOK). This is illustrated for 
a narrow-pulse train in Figure 5-9. The 25% duty- 
cycle input baseband spectrum is from Figure 3— 
6. Notice how the spectral components, the am- 
plitudes of which decrease in (sinx)/x fashion, con- 
tinue above and below the carrier and cover a very 
wide bandwidth. The keying circuit of most OOK 
transmitters is often equipped with a somewhat 
long RC time-constant (slow risetime) that rounds 
off the leading and trailing edges of the carrier 
bursts. This technique reduces the spectrum 
‘“splatter’’ and subsequent out-of-band _inter- 
ference. 
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AM DEMODULATION 


When an amplitude modulated signal is received, it 
must be demodulated in order to recover the orig- 
inal information. The AM signal to be demodulated 
is shown in Figure 5—10 as a 50-kHz carrier mod- 
ulated by a 5-kHz tone. 

SO, how are we going to get the 5-kHz tone 
from the AM signal? It would be impossible with 
just a filter because, as Figure 5-10D shows, all 
the power in the signal is at 45, 50, and 55 kHz. 
But notice from Figure 5—10B and C that the peaks 
of the AM signal—that is, the envelooe—follow 
the 5-kKHz tone. Hence, the simplest answer is to 
use a peak-amplitude detector or rectifier. Such a 
circuit is shown in Figure 5—11; the diode can be 
connected as shown or reversed because the pos- 
itive and the negative peaks follow the (5-kHz) 
information. 

The peak detector is considered in two steps, 
without the capacitor and then with the capacitor 
included (see Figure 5—12). 


en et > 1/1 


kt 


Amplitude 


FIGURE 5-9 _ On-off key 
(OOK) signal and frequency 
spectrum. 


a fs 
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5 kHz Amplitude 


Frequency 


AM signal 
50 kHz AM 
carrier modulator 


5 kHz tone ‘Envelope’ 


A. B. C, D. 


FIGURE 5-10 Amplitude-modulated signal. A. Generating the AM signal. 
B. The AM signal (time domain picture). C. The “envelope.” D. Frequency 
spectrum of the AM signal (frequency domain picture). 


The diode shown in Figure 5—12 conducts 
when v,, exceeds v,. This occurs whenever v,, €x- 
ceeds the diode cut-in voltage of about O.2 volts 
for germanium. Hence, with no capacitor, the de- 
tector output is just the positive peaks of the input 
AM signal. The average value of v, will rise and fall 
at the same rate as the information—b5 kHz in this 
case. All that is required is some filtering to smooth 
out the recovered information. 





If a capacitor is added to the circuit, as 
shown in Figure 5—13, not only is filtering provided 
but also the average value of the demodulated sig- 
nal is increased, thereby increasing the efficiency 
of the demodulator. With this circuit the capacitor 
charges up to the positive peak value of the carrier 
pulses while the diode is conducting. When the 
input voltage goes below the peak, the capacitor 
is holding its charge so that v, exceeds v,, and the 
diode stops conducting. The capacitor is allowed 


; Demodulated 
diode output 


AM signal 
input 
TT 
FIGURE 5-11 Peak amplitude detector. 


FIGURE 5-12 


to discharge just slowly enough through the resis- 
tor that the very next carrier peak will exceed v,, 
thereby allowing the diode to conduct and charge 
the capacitor up to the new peak value. The result 
is that the output voltage will follow the input AM 
peaks with a loss of only the voltage dropped 
across the diode. v, still has some high-frequency 
ripple, as seen in Figure 5—13, but this is easily 
smoothed with additional filtering. 

Notice that the demodulated information sig- 
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FIGURE 5-13 AM 
demodulation. | 


nal at the detector output v, is a voltage with an 
average value of about 0.8 volts. The average value 
of v, is what the rectified peak value of the un- 
modulated carrier would be. As such, it is an indi- 
cator of the received signal strength and will be 
used in the AM receiver for automatic gain control 
(AGC). 


Diagonal Clipping Distortion 


The values of R and C at the output of the AM 
detector must be chosen to optimize the demod- 
ulation process. In particular, as illustrated in Figure 
5-14, if the capacitor is too large, it will not be 
able to discharge fast enough for v, to follow the 
fast variations of the AM envelope. The result will 
be that much of the information will be lost during 
the discharge time. This effect is called aiagonal 
clipping because of the diagonal appearance of the 
discharge curve. The distortion which results, how- 
ever, IS not just poor sound quality (fidelity) as for 
peak clipping; it can also result in a considerable 
loss of information. 

The optimum time-constant is determined by 
analyzing the diagonal clipping problem. Compare 





“FIGURE 5-14 Diagonal clipping. 


0.2 V v, (Volts) 
RC discharge rate 





the AC discharge rate required for the low modu- 
lation index illustrated in 5—15A with that required 
for the same modulating signal but higher index 
seen in B. Clearly, the modulation index is an im- 
portant parameter, and the appropriate RC time 
constant depends not only on the highest modu- 
lating frequency f,,(max), but also on the depth or 
percentage of modulation m,. In fact, the maxi- 
mum value of C is determined from equation 5-9: 


(1/m?) — 1 
ee ee le ee 


5-9 
27 Af,,,(max) re 


Negative Peak Clipping 


Typically the resistor R used in the detector output 
is a potentiometer for controlling the audio output 
power level, the volume control. As illustrated in 
Figure 5—16, the demodulated information signal is 
ac-coupled by capacitor C, to the audio amplifiers. 
Coupling capacitor C, is made large enough to pass 
the lowest audio frequencies while blocking the dc 


(RC), a 


el (AC), 


AM index = ™, 


ee 


mM, >mM, 


A. B. 


FIGURE 5-15 A higher-index AM requires a 
shorter RC time-constant. 
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bias of the audio amplifier and the average (dc) which occurs when the peak ac current required 
value of v,. The audio amplifier input impedance Z, by Z, Is greater than the average current available. 
should be much greater than the output impedance This is the same problem as encountered when ac- 
of the detector AR to avoid peak clipping distortion coupling any electronic circuits. 

IF 


input 


Audio amplifier 





E FIGURE 5-16 Complete 
=. ae = = Volume AM detector and volume 
control “= (loudness) control. 


EXAMPLE 5-3 


For the AM demodulator of Figure 5-13, determine the following: 

1. Total power delivered to the detector circuit if the input impedance is 
1 ko. 

2. v,max), v,(min), and V,(dc). 

3. Average current if R = 2 kQ. 


4. Appropriate value of C if R = 2kQ,f,(max) = 5 kHz, and 
m, = 0.9(max). 


Solution: 


1. v,(average) = (1.5 V + 0.5 V)/2 = 1 V pk. Peak input voltage for an 
unmodulated carrier would be 1 V pk. 
(Vk)? 


= [ + . : Joos mW) = 562.5 wW. 


i5V—O02Y = 13 Vok. 
vmin) = 0.5 V — 0.2 V = 0.3 V pk. 


Lev + O68 -V 
Vide) = v, (Average) = aman alias 0.8 V. 


= Vide)/R = 0.8 V/2k = 400 pA. 
(1/0.97 — 1 
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AM RECEIVER SYSTEMS 


A simple peak detector requires a couple of milli- 
watts of total input power if high-modulation index 
AM is to be demodulated. Since a signal received 
on an antenna far from the transmitter will be very 
weak, amplification ahead of the detector is 
required. 

The simple receiver of Figure 5—17 Is called 
a tuned-radio-frequency (TRF) receiver. Many RF 
amplifier stages would be required in order to pro- 
vide a couple of milliwatts of signal to the RF de- 
tector. Although the TRF system is a straightfor- 
ward concept, there are various reasons for not 
using this type of receiver: at higher RF and micro- 
wave frequencies, amplifiers are more difficult to 
build, less efficient, have less gain than intermedi- 
ate- and low-frequency amplifiers, and the band- 
width changes when the circuit is tuned over a 
broad range. For these and other reasons that will 
be understood later, the TRF technique became vir- 
tually extinct as soon as the superheterodyne ef- 
fect of a mixer was implemented. 


V 


Superheterodyne Receiver Systems 


Conversion of an RF signal from one part of the 
spectrum to another is accomplished by combining 
the RF signal with a locally generated periodic sig- 
nal in a nonlinear device. 

The locally generated signal is provided by an 
oscillator called the /oca/ oscillator (LO), and the 
nonlinear device Is part of a circuit called the mixer 
or frequency converter. The nonlinearity results in 
the creation of sum and difference frequencies of 
the LO and RF signals. The process is called het- 
erodyning, and the nonlinearity is necessary to pro- 
vide the mathematical equivalent of time multipli- 
cation between the LO voltage and the RF signal 
voltage. The mathematical derivation of the heter- 
odyne principle is given in chapter 7. 

If conversion to a low or intermediate fre- 
quency is desired, the difference (f,. — for) is se- 
lected and the other signals (fo, for, aNd fo + fee) 
are rejected by filtering. Virtually every high- 
frequency receiver uses the heterodyne technique 
to down-convert the received signal to an inter- 
mediate frequency signal, fe = fio — fre. Such a 
receiver is referred to as a superheterodyne or su- 
perhet receiver, and the circuit most used in mod- 


Audio, video, 
or data output 


AM 
= detector 


FIGURE 5-17 Tuned-RAF (TRF) receiver. 


AM RECEIVER SYSTEMS 


ern radios for frequency conversion Is called a 
mixer. The mixer allows the oscillator circuit to 
function separately from the nonlinear mixing pro- 
cess. The block diagram of Figure 5—18 illustrates 
a superheterodyne receiver with a mixer and sep- 
arate local oscillator (LO). The filter shown is tuned 
to the difference (IF) frequency and is followed by 
IF amplification ahead of the demodulator. As in- 
dicated, the superheterodyne principle is used in 
AM, FM, and PM receivers. Details and design of 
the circuits which make up the blocks in Figure 5— 
18 are given in chapter 7; system considerations 
including bandwidth, distortion, and noise perfor- 
mance are discussed in the sections to follow. 
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SUPERHETERODYNE RECEIVERS 


FOR AM 


The standard AM broadcast band in North America 
extends from 535 to 1605 kHz, with transmitted 
carrier frequencies every 10 KHz from 540 to 1600 
kHz (2 20 Hz tolerance). The 10 kHz of separation 
between AM stations allows for a maximum mod- 
ulation frequency of 5 KHz, since the modulation 
process produces sidebands above and below the 
carrier. Another standard used for commercial 
broadcast AM radio is a receiver IF-fixed at 455 
kHz. The 455 kHz is chosen to be below the lowest 
transmitted signal frequency but high enough to 


/ Antenna Mixer Heterodyning 









Local oscillator 
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avoid radio frequency interference (RFI) from sig- 
nals called the image. Interference caused by an 
image-frequency signal is discussed in the next 
section. 

The most important reason for using the het- 
erodyne (mixing) technique in a multichannel re- 
ceiver is to allow for a fixed-tuned IF system. Thus, 
most of the gain and sensitivity of the superhet re- 
ceiver is provided by a factory-tuned IF section. 
Then, selecting different stations is a matter of re- 
tuning the RF input to the new station frequency 
and, simultaneously, retuning the local oscillator to 
a frequency such that the difference fio — fpr Is 
equal to the intermediate frequency f,. The LO fre- 
quency is almost always higher than the RF carrier 
frequency, a characteristic referred to as high-side 
injection to the mixer. For example, to receive the 
AM station whose FF carrier is f- = 560 kHz, the 
LO must be tuned to fo = fee + fe = 560 kHz 
+ 455 kHz = 1015 kHz. 

Physically, tuning to a new station is conve- 
niently accomplished by “‘ganging’’ the RF and LO 
tuning capacitors on a single control— "your radio 
dial’’-—and the best part is that the user does not 
have to retune 3 or more narrow-band, high-gain 
IF amplifiers. Incidentally, the single-control gang- 
ing could be implemented by a single mechanical 
shaft simultaneously rotating movable plates of the 
RF and LO variable tuning capacitors, or it could be 
implemented with a potentiometer varying the bias 
voltages of varicap (or varactor) tuning diodes as 
in electronic tuning. 


Intermediate 
frequency 
amplifiers 


Ketertor Audio, video, 
or data output 


AM, FM, or PM 


FIGURE 5-18 Superheterodyne receiver. Note that the detector could be for 
AM, FM, or PM because virtually every modern receiver uses the heterodyning 


(mixing) effect. 
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Choice of IF Frequency and Image 
Response 


When designing a receiver for standard broadcast, 
or for applications such as microwave radio links, 
numerous considerations go into an appropriate 
choice for the frequency of the IF system. Most of 
the decision rests on minimizing receiver interfer- 
ence and optimizing selectivity. 

Receiver selectivity, tuning in one station 
while rejecting interference from all others, is de- 
termined by filtering at the receiver RF input and in 
the IF. One of the first steps in the receiver system 
design is to make a thorough search and analysis 
of the frequency spectrum at the site or sites 
where the receiver is to be located. The spectrum 
analysis will expose potential sources of interfer- 
ence both external and internal to the receiver 
hardware. Internal interference comes from oscil- 
lators, Dower supplies, and even the demodulator 
circuit. External interference comes from artificial 
and naturally occurring electrical phenomena as 
well as from other transmitting sources. Radio fre- 
quency interference (RFI) from other transmitting 
sources include those from adjacent channels and 
image frequency sources. 

Adjacent channels, those immediately above 
and below the desired channel or station, are re- 
jected primarily by IF filtering. (See Figure 5-19 for 
an illustration of adjacent-channel rejection by mul- 
tipole IF filtering.) It would seem natural to filter out 
adjacent channel transmissions right at the RF 
inout, but two considerations make this difficult. 
The first is that the RF input circuit may be required 
to tune over a relatively wide frequency range. 
Standard broadcast AM receivers, for example, 
tune over a 3:1 frequency range (540-1600 kHz). 
Maintaining a high Q and constant bandwidth in 
such a circuit is very difficult, especially with solid- 
state circuits which are characteristically of low 
impedance. Good filtering requires highly selective, 
high-Q circuits. 

The second consideration is that multipole fil- 


ter networks are employed where a high degree of 
attenuation to adjacent channel interference is re- 
quired. However, tuning a multipole filter from sta- 
tion to station over even a moderate tuning range 
IS not practical. 


IF filter 


Mixer 


To 
IF 
I detector 


I 
| 
| 
in | 
| 
| 
| 


LO 
Adjacent-channel 
rejection 


FIGURE 5-19 _ /F filter at mixer output. 


Another consideration in the IF choice is the 
need to reject interference from an image signal. 
The image frequency is that frequency which is ex- 
actly one IF frequency above the LO when high- 
side injection is used. That is, 


— = fio T fr (5-10) 


From this we could also write fimage = fre + 2 fe. 
Image response rejection is achieved by filtering 
before the mixer. If a signal at the image frequency 
gets Into the mixer, It is too late to do anything 
about it. Suppose, for instance, a signal from some 
unknown source transmitting at 1.910 MHz gets 
into the mixer when the AM receiver (IF = 455 
kHz) is tuned to receive a station whose carrier fre- 
quency IS fr = 1 MHz. The LO is 1.455 MHz and 
the interfering signal is at 1.910 MHz, conse- 
quently the difference frequency is 1.910 MHz — 
1.455 MHz = 455 kHz—exactly our IF center fre- 
quency! There is absolutely no way for the IF filter 
to prevent this signal from interfering with our en- 
joyment of the station to which we tuned. RF fil- 
tering for a specific amount of image rejection is 
discussed in the section on RF bandwidth design 
considerations of chapter 7. Meanwhile, more 
need be said about the receiver system before the 
circuit details are discussed. 


RECEIVER GAIN AND SENSITIVITY 
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RECEIVER GAIN AND SENSITIVITY 


The superheterodyne receiver block diagram of 
Figure 5—18 is very generalized and does not sug- 
gest the number of RF and IF amplifiers needed. 
Actually, this is one of the first tasks of a receiver 
circuit designer. The number of amplifier stages is 
determined from the required receiver sensitivity 
and the amount of signal power needed to ade- 
quately operate the detector. Let's start with the 
required detector power. 


Detector Power Requirement 


The power required to operate a detector, or de- 
modulator, obviously depends on the type of de- 
tector being used. For a simple passive germanium 
diode AM detector, we need a couple of milliwatts 
of carrier power. This is determined as follows: 
Suppose a 90-percent AM signal is received. The 
receiver must amplify this until it is large enough to 
cause the diode to conduct. Indeed, to prevent 
negative-peak distortion at the detector, the mini- 
~ mum positive peak V,,,, must Cause conduction. A 
conservative figure for V,, when using a germa- 
nium detector diode is about 0.2 V, including Junc- 
tion potential and /7R losses in the diode and de- 
tector circuitry. Referring to Figure 5-4 and using 
the AM relationship of equation 54, m = 
(A — BA + B) = 0.90, we find that V, = 
10 V.,, = 2 volts pk.* Now, P = V2/2R (where 


*The derivation is as follows: V, is the average value 
between A and 8B; that is, V. = (A + B)/2. Notice also 


that B = V.,,., so we solve for B in terms of A in m = 
(A — B)/(A + B), which gives A =[(1 + m)/(1 — m)]B. 
Now, substitute this into V. = Y(A + B) 


(Yo. + m1 — m)] + 11 Vian. For m = 0.90, V, 
1.9/0. 1+ 1) Vig = TO Veg 
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V. is peak volts) and a typical equivalent detector 
impedance is 1k. The result is that 2 mW of carrier 
power is required at the detector. 

The other piece of information needed to de- 
termine the required receiver gain is the desired re- 
ceiver sensitivity. When we talk about the sensitiv- 
ity of an electronic device, we are talking about the 
weakest input signal required for a specified out- 
put. For example, the sensitivity of a voltmeter 
might be given as “the minimum input voltage re- 
quired for full-scale deflection,”’ or ‘the voltage re- 
quired for minimum readable deflection.” Clearly, 
for an electronic voltmeter, the more gain built into 
the meter, the more sensitive it will be. This is true 
of communication receivers, too. So we might 
have a receiver sensitivity specification given as the 
minimum input signal when modulated at, say 90 
percent AM, to produce a specified audio output 
voltage or loudness level at the speaker. 

Another way high-performance receivers are 
specified begins with recognizing that the limitation 
of a communications receiver is noise and that the 
most important parameter in determining the qual- 
ity of the received message is the signal-to-noise 
ratio. This would lead to a definition of receiver 
sensitivity as “the minimum input signal, when 
modulated at 90 percent AM, required to produce 
a specified signal-to-noise ratio at the audio out- 
put.’’ Also, receivers of digital data are specified in 
terms of the bit error rate (BER) of the output data. 
The BER, which is easily measured, is directly re- 
lated to the signal-to-noise ratio at the receiver out- 
put, as we will see in the chapter on digital com- 
munication systems. 

For our purposes here, we will specify the 
minimum input signal, modulated to 90 percent 
AM, required for adequate operation of the detec- 
tor. In a later chapter on satellite system design, 
we will determine just how much power reaches 
the receiver, given transmitted power and distance 
from transmitter to receiver. 
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A widely used and very useful way to express 
power levels is to put them in decibels (dB) relative 
to some reference power level. Two of the most 
frequently used reference levels in communications 
are dBm with a reference level of 1 milliwatt and 
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The power level P is converted to dBm using 


SS A RE ES TTY P(dBm) = 10 log(P/1 mW) (5-1 1) 
POWER LEVEL IN dBm AND dBW Pere 


P(dBW) 


dBW with a reference level of 1 Watt. version has been calculated. 


EXAMPLE 5-4 


A receiving antenna has an output voltage of 10 wV (carrier only) when con- 
nected to a 50-(2 receiver. 


1. Determine the power level in dBW and dBm. 

2. The receiver has one RF amplifier with 10 dB of gain, a mixer with 6 dB 
of conversion loss, followed by a multipole filter with 1 dB of insertion 
loss. If available IF amplifiers have 20 dB of gain each, determine the 
number of IF amplifiers necessary to provide at least O dBm (1 mw) to 
the detector. 

3. Sketch a block diagram of a superheterodyne AM receiver showing the 
power level, in dBm, at each block. 

Solution: 

1. P=(10 X 10 °V)*/50Q = 2 X 10°” Watts (2 picowatts). 
P(dBW) = 10 log(2 X 10° '* W/1 W) = —117 dBW. 

P(dBm) = 10 log(2 & 107 W/107? W) = —87 dBm. 

2. With a 10-dB gain, the RF amplifier output will be —87 dBm + 10 dB 
= —77 dBm. Following 6 dB of loss due to the mixer (Ve = Vpe/2) 
and 1 dB of filter insertion loss in the passband, the IF input power will 
be P(dBm) = —77 dBm + (—7 dB) = —84 dBm. 


The IF system must provide an overall gain of P,/P,, or P,(dBm) 


-— P(dBm) = O dBm — (—84 dBm) = 84 dB. Notice that gain, being 


a power ratio, is given in dB. At 20 dB/stage, we need five IF amplifiers, 
one of which requires only 4 dB of gain. 


10 log(P/1 Watt) (5-12) 


The point of having the power expressed in 
dBm is that circuit gains and losses are usually ex- 
pressed in dB and we can operate on the power 
levels using very simple arithmetic once the con- 


POWER LEVEL IN dBM AND dBW 
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3. The completed block diagram is shown in Figure 5-20. 


2 pW or 
—87 dBm 


(10 pV in 
50 22) 


A, =20dB A, = 20dB A, =4dB 


detector | Information 


output 


FIGURE 5-20 _ Signal-level distribution in superhet receiver with 10-uV 
(— 87 dBm) input. The gain of IF; has been adjusted to provide 1 mW at the 


detector. 


When you get used to working with dBm 
power levels, you really do catch on to the con- 
venience of this technique and will quickly learn to 
recognize typical power levels such as those of 
Table 5—1. 
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AGC AND DYNAMIC RANGE 








So far we have established a sufficiently detailed 
block diagram to insure enough gain to demodulate 
a very weak —87-dBm signal. The next system 
problem (or challenge) is to consider what would 
happen if the received signal gets stronger. This 
does not mean a change in the percent of modu- 
lation, because that will naturally vary as the infor- 
mation intensity (loudness) varies and is a function 
of the programming. 

What must be considered are the conse- 
quences of a substantial increase in the —8/-dBm 
carrier signal level. In an amplitude-modulated sys- 








TABLE 5-1 


+ 3 dBm 2  |3dB above a milliwatt 


+10dBm]} 10 | 


+30 dBm | 1W | also = O dBW. 
10 dB below a milliwatt, or 
4O dB below a Watt, 


dBW. 


—10 dBm | O.1 


tem the consequences can range from annoying 
distortion to a complete wiping off and loss of the 
information. The annoying distortion occurs if the 
received signal strength increases to the point at 
which the IF amplifiers overload and clip the peaks 
of the AM envelope. An AM signal which has been 
peak-clipped in a nonlinear IF system is illustrated 
in Figure 5-21, along with the distorted demodu- 
lated output. 

It should be obvious that the clipped audio 
output from the demodulator.is going to sound dis- 
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Demodulated output 






level AM detector 


FIGURE 5-21 


torted when amplified in the audio system and out- 
put through a speaker. 

Finally, if the received signal gets large 
enough, all of the amplitude variations can be 
clipped-off, resulting in a complete loss of infor- 
mation. This ts illustrated in Figure 5-22. 

How can such large variations in_ signal 
strength occur? One way is to imagine our receiver 
in an automobile moving through a city. Large 
buildings and underpasses will greatly attenuate 
the signal. Such signal strength variations, called 
system dynamic range, require the receiver de- 
signer to build in automatic signal-level control un- 
less you want to be continually adjusting the re- 
ceiver gain—which in the above situation could be 
physically dangerous, not to mention a real pain in 
the neck. 

The point of the above discussion is that am- 
plitude-modulated systems which operate in a high 
dynamic range environment must be designed to 
maintain linearity in the IF amplifiers by providing 
automatic gain control (AGC). 


Clipping 
level 


FIGURE 5-22 


Effect of clipping due to excessive signal in IF. 


The usual scheme for AGC is as shown in 
Figure 5-23 where the gain of the input stage is 
controlled by controlling the bias of the amplifying 
device. 

Notice that the output of the detector V, con- 
sists of the audio signal (information desired) and a 
dc voltage which will be proportional to the IF out- 
put signal strength. The audio variations are 
smoothed out with the low-pass filter RC, provid- 
ing a voltage to control the bias and consequently 
the gain of Q,. Notice that Q, is a PNP transistor. 
If the base voltage goes positive, the base-emitter 
junction tends to back-bias and the transistor bias 
current is reduced. This provides the gain control 
required. If the signal strength from the mixer in- 
creases, the detector average (dc) voltage in- 
creases and this change is fed back to reduce the 
gain of the first IF amplifier stage, thereby main- 
taining a fairly constant IF output. 

Since the voltage gain for a common-emitter 
amplifier is A, = —R,/r, = —R,/,/0.026, the 
gain is proportional to collector current and collec- 


V, 


Oo 


Only information is 
presence of carrier 


Information is lost due to severe clipping of the AM signal. 
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FIGURE 5-23 = Typical AGC system. 


‘tor current is related exponentially to the base- 
emitter bias voltage. This is illustrated in Figure 5— 
24 where /, (and thus amplifier gain) is essentially 
zero below V,,, the cut-in voltage. For silicon bi- 
polar transistors, V, ~ 0.55 volts. Above this 
point, gain increases rapidly as the base-emitter 
voltage increases to 0.6 volts and the transistor 
typically saturates for Vz- => 0.8 volts. 


/ 






c 


Le | + exp (Vee /Vr) | 


Vee 


0.1 O83 Va 0.7 0.9 


FIGURE 5-24 Bipolar transistor bias characteristic. 


The amount of gain control possible with 
AGC of a single IF amplifier is limited to a little 
more than the actual gain of the amplifier itself. 
This is rarely enough for the typical dynamic range 
encountered in practice, in excess of 60 dB; there- 
fore, AGC is applied to more than one IF stage. In 
addition, despite the use of AGC with numerous IF 


stages, sufficiently strong input signals to the re- 
ceiver can overload the mixer (and even the RF 
amplifier) and distort the AM signal. The cure for 
this is to provide an AGC voltage to the RF 
amplifier. 


Delayed AGC 


AGC applied to an RF amplifier can eliminate dis- 
tortion produced by an excessively strong received 
signal. It turns out that there is a price to be paid 
over and above the added circuit complexity If 
AGC is applied to the RF amplifier without consid- 
ering other system parameters. 

We haven't studied, as yet, the system de- 
sign criteria for the reception of extremely weak 
signals—weak enough to be no larger than the re- 
ceiver input noise. We study noise and receiver 
noise figure (NF) in the next section. Noise figure 
is a measure of the amount of noise produced by 
receiver circuits and added to the noise already at 
the antenna. What you will discover is that the re- 
ceiver noise figure (and added noise) can be kept 
low if we keep the RF amplifier gain high. 

This means that if we AGC the RF amplifier 
on weak signals and lower its gain, the signal-to- 
noise ratio (S/N ) of the information will be spoiled. 
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The way to a solution is to look at the problem this 
way: What we want is to have maximum RF am- 
plifier gain for weak signals but, for very strong sig- 
nals where S/N is no problem anyway, reduce the 
gain, thereby avoiding overload distortion in the 
mixer and RF amp. The solution, then, is to put a 
voltage-level delay circuit after the regular AGC line 
to keep the RF amplifier gain high until a sufficiently 
strong input signal causes the AGC to exceed a set 
threshold voltage. 

For input signals strong enough to cause the 
AGC to exceed the threshold value, delayed-AGC 
controls the RF amplifier gain, thereby eliminating 
high-signal-level distortion while maintaining good 
S/N for weak signals. The circuits described above 
will be discussed in chapter 7, so now let's con- 
tinue the system analysis by studying noise and its 
effects. 


O-13 


RECEIVER NOISE 





The noise present in electronic components was 
studied in chapter 4. Of the various types of noise 
discussed, most of the noise present in the input 
of a typical receiver consists of thermal and shot 
noise. Shot noise is proportional to the bias current 
in devices such as diodes, transistors, and vacuum 
tubes. 

Receiver thermal noise power is proportional 
to temperature and bandwidth only. This is seen in 
equation 3-2, Ny, = kTB. Since receiver power 
calculations are done in dBm, it is convenient to 
write an expression for thermal noise in dBm. This 
Is derived from equation 3-2 as_ follows: 
10 log(kTB) = 10 log kT + 10 log B. Using 
k = 1.38 X 10°” Watt sec/°K and T referenced 
to 290°K, we obtain equation 5-13, 


N,.\dBm) = —174 dBm + 10 log B- (5-13) 


Noise calculations for receiver circuits get 
quite complex, so the usual procedure is to calcu- 
late the thermal noise from equation 5-13 and 
then use the results of semiconductor manufac- 
turer measurements for the other noise contribu- 
tions such as shot, flicker, partition, and so forth. 

The circuit noise contributed by a particular 
transistor or diode is available in the manufacturer's 
data sheet and is called the noise figure of the de- 
vice. Noise figure is given in units of dB and indi- 
Cates the amount of noise generated in the device 
above the k7B thermal noise (referenced to a tem- 
perature of 290°K). Hence, the total receiver noise 
power is the sum, in dBm, of the thermal noise and 
the total receiver noise figure. So N = (kT7B)(NF) 
or, in dBm, 


MdBm)=(— 174 dBm+10 log B)-+ NF(dB) (5-14) 


where NF is the total system noise figure. 
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SIGNAL-TO-NOISE RATIO (S/N) 








The quality of the information transmitted through 
a communication system depends upon the 
amount of distortion of the information signal. 

An information system which is common to 
the experience of each of us is television. When 
the signal received from a distant transmitter is 
very weak, noise can degrade the quality of the 
picture (derived from the video signal) and the 
sound (from the audio signal). Measurements show 
that a picture of reasonably good quality requires a 
video signal-to-noise ratio (S/N) in excess of 40 
dB. This means that the signal power S must be 
more than 40 dB greater than the noise power WN. 

A typical TV receiver has a noise figure of 12 
dB and an RF bandwidth of 6 MHz. Hence, the 
noise power at the input is, from equation 5-14, 


SIGNAL-TO-NOISE RATIO (S/N) 


N(dBm) = (—174 dBm + 10 log 6 X 10°) + 
12 dB = —94.2 dBm. This is 380 pW of signal 
power or 337 mV in a 300-Q TV input impedance. 

As another and more complete S/N calcula- 
tion, if only 100 pV is received on the 300-2 TV 
antenna, then S = V7/R = (100 wV)*/300 = 
33.3 pW. This is S(dBm) = 10 log (83.3 X 
10-7 W + 1 mW) = —/748 dBm. Conse- 
quently, S/N = S(dBm) — N(dBm) = —748 
dBm — (—94.2 dBm) = 19.4 dB. This would re- 
sult in a very noisy video output—**snow”’ on the 
TV screen. 

The video information quality can be im- 
proved with an improvement in the receiver noise 
figure, but the noise bandwidth cannot be im- 
proved much or picture distortion will result due to 
inadequate signal bandwidth. 


O-lo 
NOISE FIGURE 


Resistors and semiconductor p-n junctions in a re- 
ceiver produce noise which will cause a reduction 
in information due to a reduction of S/N. As you 
amplify signal power, you also amplify noise. 

The noise ratio (NR) is the ratio by which the 
imput signal and noise increase due to noisy re- 
ceiver circuits. The noise figure (NF) is the decibel 
equivalent of the noise ratio, NF = 10 log NR. The 
additional noise degrades the input S/N so that, for 
a linear system, the noise ratio (NR) is expressed 
as 


NR = ——— (5-15) 
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For example, suppose S/N = 25 dB at the 
inout to an amplifier whose NF = 10 dB, then the 
S/N at the amplifier output will be 15 dB, as cal- 
culated from (S/N)ou = (S/N)i,/NR or 


(S/N)o(dB) = (S/N), (dB) — NF (5-16) 
These equations assume that the bandwidth used 
to compute the input S/N is the net bandwidth of 
the system. 

Although it would appear that every amplifier 
will degrade the S/N by its NF, this is not the case. 
Each amplifier in a string of amplifiers produces a 
certain amount of noise over and above the ther- 
mal noise. As the input signal (and noise) is ampli- 
fied, the signal becomes strong enough that the 
small amount of noise generated by succeeding 
stages adds relatively very little to the overall 
amount of noise. This concept leads to the formula 
for calculating the overall noise ratio of a system: 


NR, = 1 
NR = hh ee 
Ap, 
NR, 7 1 
Se (5-17) 
Ag * Ap 
NR, — 1 
+ 
Ais ° Ags Aig ° Poni 
where NR, = noise-power ratio of the first stage 


and A,, = power-gain ratio of the first stage. 

Please remember when using equation 5-17, 
known as Friiss’ formula, that dBs are NOT used. 
Noise figures and gains are changed to power ra- 
tios. When the calculation is completed, convert 
back to system noise figure in decibels. 





EXAMPLE 5-5 


NF, = 2 dB = 1.58, NF, = 6 dB = 3.98, NF; = 10 dB = 10, and A,, 
= 8dB = 63, A, = 12 dB = 15.85. Calculate the overall system noise 
figure. 
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Solution: 


oe 
From equation 5-17, NR = 1.58 + 


<> a =] 


= 158 + 


6.3 (6.3)(15.85) 
0.47 + 0.09 = 2.14, therefore NF(dB) = 3.3 cB. 





Notice from example 5—5 that, even though NR, is 
more than twice that of NR,, the noise contribution 
of the second stage is much less than that of the 
first. So put your money in the first stage. Use a 
low-noise amplifier with high gain for the input am- 
plifier. In fact, satellite earth-station receiver sys- 
tems ordinarily have a low-noise amplifier (LNA) 
placed right at the antenna output point to get the 
signal up out of the noise before further losses 
occur in the coaxial (or waveguide) feed-in cable to 
the receiver. 


o-16 


NOISE TEMPERATURE 





In addition to the noise figure-of-merit expressed in 
decibels, the amount of noise added by the noisy 
front-end of a receiver is often expressed in terms 
of an equivalent temperature. The conversion be- 
tween noise ratio NR and equivalent noise temper- 
ature T,, is 


Teg = TANR — 1) (5-18) 


Here, 7, = 290°K is a reference temperature in 
degrees Kelvin (°K). 

Equation 5-18 tells us that, if the receiver 
adds no noise to that which comes in with the sig- 
nal from the antenna—that is, NF = O dB, or 
NR = 1—then the equivalent receiver noise tem- 
perature is 7,, = 290°K(1 — 1) = O°K. This is 
a “cool” receiver. On the other hand, if the re- 
ceiver doubles the incoming noise, then NR = 2, 
or NF = 3 dB, and 7,, = 290°K(2 — 1) = 
290°K. 


The usefulness of this way of expressing the 
noisiness of a circuit or system is that, when two 
circuits are connected, the equivalent noise tem- 
perature at the connection is simply the sum of the 
separate equivalent noise temperatures. For ex- 
ample, a microwave antenna at an earth station 
pointed towards the darkness of space has a 7,,, 
= 25°K, including the noise of space (~ 3.5°K) 
and the antenna noise itself. If the receiver has 7, 
= 290°K (3 dB NF), then the resultant equivalent 
system noise temperature is T,, = Tay + 7, = 
25° + 290° = 315°K. This is usually expressed 
simply as 7,, = 315K (without the degree 
symbol). 

For convenience, and for getting a feel for the 
numbers, Table 5—2 provides a short list of NF(dB)- 
to-equivalent noise temperatures. Incidentally, 
Q.5—2 dB tends to be the state-of-the-art range of 
noise figures for solid-state microwave receivers. 
Besides low-noise antennas and low-noise, high- 
gain amplifiers, there is another way of improving 
the S/N of a received signal. 


TABLE 5-2 Equivalence 
between noise figure and noise 
temperature. 





Also N, = kT Watts/Hz = — 174 dBm/Hz 
= —204 dBW/Hz describes the thermal 
noise spectral density. 


BANDWIDTH IMPROVEMENT 
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BANDWIDTH IMPROVEMENT 





Simply stated, we can get rid of a lot of noise by 
filtering it out—that Is, by narrowing the band- 
width. There are, however, practical and system- 


requirement limitations to the improvement achiev- - 


able by narrowing the bandwidth. The practical 
problem is in the difficulty of building stable, nar- 
row-band filters. For example, if we are receiving 
a signal in the standard AM band at 1.5 MHz, 
building a front-end filter of 10-kKHz bandwidth re- 
quires an equivalent circuit quality factor of OQ = 
1.5 MHz/10 kHz = 150. This is barely achievable. 
However, it is easily accomplished at the IF ampli- 
fier, so that, for a standard f- = 455 kHz, QO = 
455 kHz/10 kHz = 45.5. 

The system-requirement constraint is that the 
circuit bandwidth must exceed the information 
bandwidth or the information power will be re- 
duced, as illustrated in Figure 5-25. Also, if the 
filter is not symmetrical, additional signal distortion 
will result. 

The best solution is to filter as much as pos- 
sible at the IF without distorting the information 
(the sidebands). For critical applications such as 
space hardware where temperature changes cause 
tuned-circuits to shift in frequency and symmetry, 


Information 
sidebands 


1.495 
1.500 
1.505 
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a temperature-compensated multipole bandpass 
filter is placed immediately following the mixer, and 
the IF amplifiers are made broadband with stable 
gain. 

Very often S/N is calculated at the receiver 
RF input using the RF bandwidth to determine 
noise power. However, most IF systems have a 
narrower bandwidth than the RF, and consequently 
the noise power will be relatively lower in the IFs. 
The simplest method for getting the correct pre- 
detection S/N is to use the IF bandwidth as the 
noise bandwidth in the calculation of N,, = K/B. 
The other method is to determine the bandwidth 
exchange, or noise-bandwiath improvement factor, 
BI. 

The bandwidth improvement factor is the 
ratio by which noise power js reduced by a reduc- 
tion in bandwidth. As an example, suppose a re- 
ceiver has an RF bandwidth of 5 MHz and an IF 
bandwidth of 200 kHz. The noise bandwidth im- 
provement Is 


BI(dB) = 10 log(Ba-/B,) (5-19) 


As a consequence, the S/N will be 14 dB better 
in the IF amplifiers than in the RF input (if the noise 
figure contribution is ignored). 

The last few pages on noise, noise figure, and 
bandwidth improvement are summarized below in 
a system design problem to determine the S/N at 
the input to the demodulator of a superheterodyne 
receiver block-diagrammed in Figure 5—26. 


Reduced 
information 
sidebands 


FIGURE 5-25 _ A filter bandwidth narrower than the information 
bandwidth, with resulting reduced information power. 
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Mixer (3) 







—80 dBm in S/N out 
FIGURE 5-26 

EXAMPLE 5-6 

NF, = 2dB = 1.6, NF,, = 6dB = 4.0, NF,, = 18dB = 63.1, 

A,, = 8dB = 6.3, A, = 12dB = 158, A, = —6 dB =0.25, 


Aus = 20dB = 100 


1. Calculate the system NF(aB). 


2. If the RF bandwidth is 5 MHz and the IF bandwidth is 200 kHz, deter- 
mine the predetection S/MdB) for a receiver input signal of —80 dBm. 


Solution: 
1. From equation b-17, 
40— 1 10 = | 
6.3 (6.3)(15.8) 
G3.) 4 bork] 
(6.3)(15.8)(0.25) (6.3)(15.8)(0.25)( 100) 
= 1.6 +7 OAS + 0.08 + 2.5* + 0.025 
= 46 
10 log 4.6 = 6.7 dB 


NR = 1.6 + 


NF(dB) 


2. The most expedient approach here would be to use the IF bandwidth to 
calculate the thermal noise power and skip noise improvement calcula- 
tions. However, to illustrate all the concepts, start by determining the 
receiver input S/N. The received signal is —80 dBm. The thermal noise 
power at the input is, from equation 5-13, N,, = —174 dBm + 10 
log5 X 10° = —107 dBm. Consequently, (S/N),dB = —80 dBm — 
(—107 dBm) = +27 aB. 

The input S/N is reduced because of system noise (NF = 6.7 dB) 
but is increased by the effect of reduced noise in a narrow IF bandwidth 
(Bl). The bandwidth-narrowed noise improvement will be, from equation 


BANDWIDTH IMPROVEMENT 
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5-19, BKdB) = 10 log(5000/200) = 14 dB. The final result is 


(S/N) 4.0B 


= (S/N),,dB — NF(dB) + BI(dB) 


= +27 dB — 6.7 dB + 14 dB 


= +34.3 dB 


*Comment: Please notice from the fourth term how much the mixer conversion loss 
and noisy IF amplifier increases the system noise figure. The system NF can be decreased 


by a couple of dB by either adding another 12 dB gain RF amp (do the calculation) or by 
using a lower noise amplifier for the first stage of the IF system. 





The signal-to-noise ratio at the input to a demod- 
ulator (++34.3 dB in example 5-6) can be a critical 
system calculation. This is especially true for fre- 
quency-modulated (FM) systems because typical 
FM demodulators exhibit a thresholding effect for 
input S/N of less than about + 13 dB. Frequency 
modulation is studied in chapter 9. Chapters 6 and 
7 provide circuit details for AM systems. 


O-18 


BANDWIDTH NARROWING 





When designing IF amplifiers and when calculating 
the bandwidth of a multistage system, remember 


that the frequency response of each stage affects 
the overall bandwidth. For the simple case where 
all single-tuned amplifiers have equal bandwidths, 
the overall 3-dB bandwidth is computed from 


BW, = BW,V2"" — 1 


bandwidth of each stage 
number of stages with bandwidth of BW, 


(5-20) 


BW, 
Nn 


So, for three amplifiers, each of which has BW, = 
10 kHz, the overall 3-dB bandwidth is 


BW = 10 kHzV2'* — 1 = 5.09 kHz. 


This formula is for single-tuned, also called syn- 
chronously-tuned, amplifier systems only. 








Problems 


1. Determine from Figure 5-27: 

a. Modulation index. 

b. If the sketch is accurate on the time scale 
and f, = 45 kHz, find the modulation 
frequency from the oscilloscope display 
shown. (Count cycles.) 

c. Carrier power in 75 Q. 

d. Power in one sideband. 

e. Total power dissipated by 75 Q. 


f. The carrier power is what percentage of 
the total? 

g. How much bandwidth (information band- 
width) is required to transmit this AM 
wave? | 

h. Sketch the time-domain waveform, in- 
clude the voltage and frequency, if only 
the upper sideband is transmitted (as- 
sume no carrier). 
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4 Volts musical triad chord with the same ampli- 
tudes as f,,, are modulated on the carrier. 















1400 -——7y- What would be the total modulation 

1000 | —f} it ——ith index? 

coo F ia 

500 CIMA HT 3. An AM signal has a 100-V pk, 40-kHz cosine 
EE t carrier. When modulated by a 10-kHz cosine 
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tone to an index of 50 percent, 


unnnlt a. Sketch accurately the signal over a 0.2- 





= (SE 4 89 
sie HT millisecond period. 

—1400 
b. Sketch the frequency spectrum of this 
AM signal. Include the frequency and 

peak voltage of each component. 
FIGURE 5-27 c. Write the mathematical expression of 
| | this signal in a form which shows the 
2. The AM signal of Figure 5-28, with carrier three components—carrier, LSB, and 
frequency of 1 MHz and modulation fre- USB. (Again, include the actual numerical 

quency of 1 kHz, is transmitted from a 50-Q frequencies and peak voltages.) 

antenna. . d. How much bandwidth, in kHz, is required 


to transmit this AM signal? 
e. Calculate the power delivered to a 50-Q 
load for the following: 


(1) FP, 
(2) P USB 
(3) Prota 


f. How much power could be saved by 
transmitting only one sideband (and no 
carrier) ? 


FIGURE 5-28 _ (Not accurate on time scale.) 4. For the AM signal of Figure 5—29: 
a. Determine the modulation index. 


b. If the carrier frequency is 45 kHz, what 
must be the modulation (audio) fre- 
quency? (Count cycles.) 





a. Calculate the modulation index, in 
percent. 

b. Determine the power of the unmodulated 
carrier. (Hint: If £, is removed, the peak 
carrier amplitude will be the average of 
the peaks shown in the figure). 

c. Using P, from part b, calculate the power 
of each sideband. 

d. The power in one sideband is what per- 
centage of the total transmitted power? 

e. Write the mathematical expression, using 
cosines, for this AM signal. Include actual 
numerical values for frequencies and 
amplitudes. 

f. Suppose two more tones, producing a FIGURE 5-29 


Ge 





PROBLEMS 


3. 


c. If the inout impedance of the AM detec- 
tor circuit shown is 500 Q, calculate the 
carrier power and tota/ power delivered 
to the detector. 

d. If the diode drop is 0.2 V pk from each 
RF pulse, sketch the output waveform 
complete with peak voltage values. 

e. Determine the average value of V,, the 
detector output voltage. (This will be the 
dc voltage used by the receiver AGC 
system.) 

f. Calculate the appropriate value of C to 
demodulate the signal shown. R = 
1kQ. 

g. IfR = 1-k and C = 1 mF are used, does 
diagonal clipping occur? Why or why 
not? 


An AM signal at the input to the diode 
shown in Figure 5—16 has a total power of 
2.64 mW and modulation index of 80 per- 
cent with fg = 5 KHz. Determine: 

a. Carrier power in mW and in dBm. 

b. Peak voltage of the carrier at the diode 
input (Z, = 1 kQ). 

c. Peak voltage of the inout AM signal. (A 
sketch might help in thinking about this.) 

d. Average (dc) voltage of V,. 

e. Make a smooth sketch of V, showing 
correct voltages and timing. 

f. Sketch the voltage across Z, (10 MQ) if 
R is not a potentiometer. (C, connects at 
the top of RF.) 

g. Appropriate C for this detector and signal 
if R = 2kQ. 


Calculate the power, in dBm, for 100 uwV 
across 5O Q. How much is this in dBW? 


. The input power to a 50-Q receiver is 200 


picoWatts. Determine the receiver gain re- 
quired to produce +3 dBm at the detector. 


The signal received at a 50-Q antenna is 1V 
pk, and at 108 MHz. For the receiver, as- 
sume the following: 

e Use 1 RF amplifier, A, = +10 aB. 


10. 
11. 
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Mixer Joss is A, = —6 GB. 

Use LO frequency HIGHER than received 

carrier (high-side injection). 

e f- = 10.7 MHz. 

e IF filter following mixer has loss of A, = 

m=) AB, 

We require +3 dBm of power at the de- 

tector (2 mW). 

a. Determine the received power in dBm. 

b. Determine LO frequency. 

c. How many IF amplifier stages are needed 
if A, = +20 dB/stage? 

d. Draw a block diagram of the receiver (an- 
tenna through the detector). Show 
power level in dBm at each point. 

e. Determine the image frequency. How 

can we. eliminate receiver image 

response ? 


. A 5-microvolt peak carrier is received on a 


75-Q antenna (carrier frequency, 96 MHz). 

Assume the following for the receiver: 

e One RF amplifier with 12 dB of gain. 

e Mixer conversion efficiency (loss) is 6 dB. 

e LO frequency higher than the received car- 

rier (high-side injection). 

e LO power is 20 mW. 

e f, = 10.7 MHz. 

e IF filter following mixer has an insertion 

loss of 1 GB. 

e We require +3 dBm of carrier power at 

the detector. 

a. Determine the received power, in dBm. 

b. Determine LO frequency. 

c. How many IF amplifier stages are needed 
if A, = +25 dB/stage? 

d. Draw a block diagram of the receiver (an- 
tenna through detector). Show power 
level (in dBm) at each input. 

e. Determine the image frequency. How 
can we eliminate receiver image 
response? 


What is the purpose of AGC? 


Determine the noise power delivered to a re- 
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12. 


ceiver input at 300°K and noise bandwidth 
of 20 kHz. 


Assume a receiver with the following speci- 
fications: 2 RF amps with power gain of 
10 dB each and NF(dB) = 4 GB each. Mixer: 
A, = —6 dB, NF(dB) = 8 cB. 

IFs: A, = 20 dB, NF = 15 dB. 

a. Determine the noise figure, in dB. 

b. If the overall bandwidth of the receiver is 
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200 kHz, determine the S/N power ratio 
in the IF for a received signal of — 100 
dBm. 


. Assuming five IF stages before the de- 


tector and the front-end (defined above), 
what will be the signal power at the de- 
tector input for a received signal of — 
100 dBm? 








Introduction 


The basic block diagram of a radio frequency re- 
ceiver and several aspects of modulation were dis- 
cussed in chapter 5. In this chapter, the elements 
of transmitters and some circuit concepts specific 
to RF transmitters will be studied. 

In simplest terms, an RF transmitter accepts 
an electrical signal from some information source 
and transmits a high-power analog RF carrier signal 
modulated with the information. Another input to 
the transmitter is also required—a power supply. 
The function of transmitter circuits is to convert 
power from the power supply into the modulated 
output signal as efficiently as possible. 

Usually, system design begins with determin- 


ing the best type of modulation to use (if not dic- 


tated in advance), and a standard block diagram is 
chosen such as one of those in Figure 6—1. The 


Buffer Driver 
XO amplifier amplifier 
(BA) : 













AM 
stag ett p lifi Driver Modulation 
a reamplmer™*) amplifier PA 
signal 
Modulation 
FM 
Phase : 
PM XN iter 
Modulation 
signal 
FIGURE 6-1 


and phase modulation. 






Modulator 


Driver 





basic block diagram is then altered as necessary to 
meet input-output specifications. This is the point. 
in the design process at which experience and 
good judgment pay off. Making extensive changes 
in the laboratory Is not cost-effective. 

The final detailed block diagram for a trans- 
mitter is usually determined by starting with the 
output power, efficiency, bandwidth, and linearity 
requirements; choosing the output amplifier class — 
(A, B, or C) and device; and then repeating this 
process all the way back to the carrier oscillator. 
For frequency- and especially phase-modulated 


‘transmitters, frequency multipliers (the XN block) 


may have to be included in order to achieve the 
required modulation index. This is covered in chap- 
ter 9. 






RF Power Impedance —_"* 
amplifier matching 
(PA) network 


2» 
vco BA XN/filter Driver PA Matering 
signal network 


i 
Matching 
network 








General block diagrams for transmitters of amplitude, frequency, 
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POWER AMPLIFIERS 


6- | 
POWER AMPLIFIERS 


Class A, B, and C amplifiers are used in transmit- 
ters. They are usually tuned with a bandwidth wide 
enough to pass all the information sidebands with- 
out distortion but as narrow as feasible in order to 
reduce harmonics and other spurious signals. 
| Class A amplifiers are used in low-power 
stages where device dissipation and efficiency are 
not critical. They have maximum efficiencies ap- 
proaching 50 percent when their output is trans- 
former-coupled (25 percent when RC-coupled) and 
conduct continuously—that is, over 360° of the 
input signal cycle. 

Class B and C amplifiers are used where high 
power and efficiency are required. Class B opera- 
tion is achieved when the active device (transistor 
or vacuum tube) is biased right at cutoff, so that 
output current will flow for only one-half of the 
input signal cycle. Efficiency approaches 78.5 per- 
cent and, for linear system operation, must be used 
in a push-pull circuit configuration. 

Class C cannot be used for audio power am- 
plifiers because the output current flows for less 
than one-half of the input signal cycle; even in 
push-pull circuits, the output signal will be too dis- 
torted for audio use. Class C is used with tuned 
circuits, and the short output current pulses make 
the output “ring” at the circuit resonant frequency. 
Because the active device is off most of the time, 
efficiency approaching 100 percent is theoretically 
possible but is limited to less than 85 percent in 
practice in order to produce high output power. 

Examples of Class A and B power amplifier 
analyses are given in the section on audio systems. 
' Here, we will concentrate on the high-power Class- 
C final stage of an RF transmitter. While parallel 
systems of transistorized power amplifiers can 
achieve hundreds of watts at VHF and UHF, the 
analysis here will be for the tens-of-kilowatts re- 
quired for broadcast. Since this level of power still 
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calls for vacuum-tube amplifiers, a short section is 
now included to describe the simplest and very 
often-used amplifying tube for Class C, the triode. 


Triode Vacuum Tube 


Triode is the name for a three-electrode (plus 
heater) vacuum tube. The tube elements are usu- 
ally formed in a concentric cylindrical arrangement 
with a lead or straps connected to each element, 
brought down to a base, and attached to support- 
ing pins (or other socket arrangement) for external 
connection. The high-voltage plate electrode is 
usually attached to a connector at the top of the 
tube to isolate it from the other electrodes. The 
entire structure is placed in a glass tube or other 
dielectric material which is then evacuated of air 
and sealed with only the base socket and plate cap 
connections exposed. 

The cathode is typically a metal cylinder 
wrapped around and electrically isolated from a 
heater element. The cathode has a specially alloyed 
metal surface from which electrons can escape 
with a minimum of thermal energy (heat) supplied 
by the heater circuit. The heater gets hot enough 
to boil electrons off the cathode surface, forming 
an electron cloud much the same as water mole- 
cules boiled off the surface of water in a kettle. 

The plate (anode) is a separate metal cylinder 
placed around the other tube elements. When a 
high positive voltage is applied between the plate 
and cathode, the electrons, liberated by heat from 
the cathode, will be attracted to the plate and will 
accelerate across the tube. 

The control grid is a wire wound in the space 
between the cathode and plate. Only one end of 
the grid is electrically connected. 

Figure 6—2 illustrates schematically the triode 
with an electron cloud around the cathode. The 
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Control grid 


FIGURE 6-2 _  Triode 
vacuum tube with bias. = 


two arrows illustrate electrons passing between 
turns of the control grid wire on their way to the 
plate. When a negative voltage is applied between 
the grid wire and cathode, the negative electric 
field produces a repulsive force on the negatively 
charged electrons trying to pass through to the 
plate. 
Indeed, a grid voltage of 


om — = EJ = Ero (6-1) 


will completely cut off the electron flow to the 
plate so that /, = O. The constant pw is called the 
amplification factor of the tube and is a measure 
of the effect that the grid voltage has on current 
flow relative to the plate voltage. As the AC grid 
voltage varies, the tube current varies accordingly, 
and an impedance connected in series with the 
plate lead and power supply (F,,,) will allow a plate- 
voltage variation e, to develop. The voltage gain of 
a grounded-cathode, Class A vacuum tube ampli- 
fier with plate-load impedance Z, and internal dy- 
namic plate resistance r, is 
e 


A bi es eer, ee 
" ea Zo+e, 


=a Ly 
= (6-2) 


High-power tubes used in Class C are usually 
neutralized* triodes or tetrodes. For high-fre- 
quency applications, these triodes are made as 
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small as possible with closely spaced electrodes to 
minimize cathode-plate transit time. Also, relatively 
high operating voltages are used in order to mini- 
mize transit time and cathode current densities. At 
UHF and beyond, klystrons are often used for high 
power. 

Figure 6—3 shows a TH382 tetrode used for 
tens-of-kilowatts of output power from a UHF tele- 
vision transmitter. Using pyrolitic graphite grids and 
a water cooling system, this device can provide a 


video carrier with over 20 kW peak output or a 
sound carrier output of 13.5 kW at UHF.** 








Plate (anode) 


Exp ("Bes 





Class C Power Amplifier 


The bias of a Class C amplifier is set so that the 
active device (transistor or vacuum-tube) is cut off. 
The Class C vacuum-tube amplifier (Figure 6-4) is 
typically biased at 2.5 times the cutoff voltage, de- 
termined from equation 6—1 with &, replaced by 
the power supply voltage &,,. You can sometimes 
spot transistorized Class C stages by their lack of 


*Plate signal is fed back to the grid out-of-phase with 
the current in the plate-grid capacitance. The tube is neu- 
tralized when the two signals cancel. (Neutralization is dis- 
cussed later in this chapter.) 

**Gerlach and Kalfon, Proceedings of IEEE Special 
Issue on UHF TV. Vol. 70, No. 11, November 1982, p. 
[iors 
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il 


FIGURE 6-3 High-power tetrode for UHF 
television transmitter. 





a base bias resistor which normally supplies turn- 
on current from the power supply.* 

The active device does not conduct unless 
the input signal peak exceeds the device cutoff 
voltage so that output current flows in pulses for 
less than a half-cycle (<< 180°). 


*As an example, look at the base circuits for the sync 
separator and especially the horizontal output stage in a TV 
schematic. 


ms 
Drive signal 
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The fraction of the input cycle for which out- 
put current flows is called the conduction angle 6 
and is given in degrees of phase. In practice a com- 
promise is made between high efficiency (smaller 
6) and high power (higher @). A conduction angle 
between 120° and 150° is chosen. With this com- 
promise, efficiency is between 80 and 60 percent 
with high-output power. 

Vacuum-tube Class C waveforms are shown 
in Figure 6—5. Notice first that voltages are given 
in terms of electromotive force (emf), where e is 
the instantaneous ac voltage and F is a voltage 
level with respect to ground. The emf nomencla- 
ture is traditional for describing vacuum-tube 
circuits. 

As seen in Figure 6—5, the grid bias voltage 
E,, |S about 2.5 times the tube cutoff voltage Eco. 
The input drive (source) ac peak voltage v, exceeds 
the tube cutoff voltage at (1), which is where plate 
current starts to flow. For optimum operation, the 
input signal is also large enough to drive the grid 
positive (at (2), which is where grid current starts 
to flow (shaded area). The current waveforms are 
also shown. From the geometry of the grid voltage 
of Figures 6-5 and 6-6, it is clear that @ = 
(1/2)(180° — 6,). Also, e, must rise from E,, to 
Eco in @ degrees. If, in general, the tube is biased 
at E,, = NEco where N = 2.5 is typical, then 


epk)sin @ = Eg1 — N) (6-3) 


FIGURE 6-4 Class C 
triode amplifier. 
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Voltage 





AT 
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e, (pk), Vs 
v 
Current Plate 
current Peak plate current 
pulses 
Grid current pulse 
Ik 


“*S. 
p 
, 


Conduction 
angle 


FIGURE 6-5 _ =‘ Triode voltage and current for Class 
C operation. 


As an example, for V = 2.5 and @, = 120°, 
equation 6-3 yields 


e,(pk) = = Eno (6-4) 


Class C power stages include an average- 
reading (dc) milliampmeter, which is switched be- 
tween the grid circuit, to monitor the input drive 
level, and the cathode or plate, to monitor the out- 
put power level. Because the grid is driven positive 
and current flows in the grid circuit, the input driver 
stage must supply much more power than for 
Class A operation. The grid current pulses have an 
average value /, which is read on the dc meter in 
the grid circuit. The required grid drive power is 
difficult to analyze because of the pulsed nature of 
the current, but a convenient expression developed 
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FIGURE 6-6 Expanded view of grid voltage 
showing the relationship between ac grid signal and 
plate conduction angle. 


by H. P. Thomas in the early 193Qs is given* as 
= 0.9e,(pk)/, (6-5) 


where e,(pk) is the peak variation of the sinusoidal 
grid signal. 

For a given value of conduction angle, the 
rms value of the fundamental component of plate 
current can be determined by Table 6—1 and the 
reading of the average-reading (dc) milliammeter in 
the plate circuit. This allows the calculation of sig- 
nal power delivered to a high-Q plate-load tuned to 
the fundamental 


e,(pk) V2], (rms) (6-7) 


Whereas currents of higher harmonics will 
flow from battery to cathode, the high-Q tank cir- 


*See J. J. DeFrance, Communications Electronics Cir-_ 
cults, 2nd Ed., pp. 104—105. The analysis of signals other 
than sinusoids and dc in linear circuits requires a return to 
the most general definitions. For power, the product of the 
voltage and current waveforms Is averaged. Since most sig- 
nals in electronics are periodic, the v(t) « /(t) product can 
be averaged over one cycle. Hence, the average power in a 
periodic signal can be determined from 


P = (%r) | wit)» At) at (6-6) 
0 


Nonlinear signal analysis often requires numerical tech- 
niques which are beyond the scope of this text. 
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TABLE 6-1 Table of 
current ratios in Class C 
operation 


Conduction 
angle 
(degrees) 


typical 
range of 
operation 





From Communications Electronic Circuits, 2nd 
edition, by J. J. DeFrance. Copyright © 1972 by 
Rinehart Press. Reprinted by permission of Holt, 
Rinehart and Winston, CBS College Publishing. 


EXAMPLE 6-1 


Ill 


Cult provides a high impedance only at the funda- 
mental frequency, so that the plate voltage is si- 
nusoidal at the fundamental frequency, as seen in 
Figure 6—5. The appropriate impedance for the 
plate to see, therefore, is 


R, = e,(pk)/V2i,(rms) (6-8) 


Power and Efficiency 


A well-regulated power supply will hold a constant 
E,, while supplying current pulses whose peaks can 
get quite large, depending on the plate conduction 
angle @,. For 8, = 120°, the plate current peaks 
reach 4.5 times the average supply current. For 6, 

= 40°, i{max) = 13.4/(dc). With /, read from 
the plate circuit dc milliammeter, the plate supply 
power is found to be 


Fs = Eyles (6-9) 


Plate dissipation Pp and efficiency n, are de- 


termined from 
Pa = Fy Fi (6-10) 


and Ns = Pyl Pras (6-11) 


The Class C vacuum tube (VT) amplifier of Figure 64 has the following op- 


erating conditions: E,, = 1kV, /, = 1A dc, 6, 
= 25 Eo, w = 455. 


Determine: 


1. A, for grid bias. 
2. Peak grid voltage and drive power P,. 


= 120°, i, = 20 mA, Ey 





3. Peak plate voltage swing for no grid plate safety margin (maximum 


efficiency). 
4. Output power. 
5. Power gain in dB. 


6. Power dissipated by the VT plate, and efficiency. 
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6-2 
NEUTRALIZATION 


The gain and stability of RF amplifiers can be im- 
proved by reducing uncontrolled feedback. The 
feedback is most often internal to the active de- 
vice. The plate-to-grid interelectrode capacitance 
of grounded-cathode amplifiers provides a path for 
feedback; a similar path exists in the drain-to-gate 
capacitance of field-effect transistors (FETs) in a 
common-source amplifier configuration. Since vac- 
uum tubes and field-effect transistors have high 
input and output impedances, the interelectrode 
feedback path must have a very high impedance to 
prevent loss of gain when the feedback phase Is 



















7, 


Solution: 


1. 
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at 10 MHz. 


ia 


99 


Load impedance Z,, L, and C to tune output with a bandwidth of 1 MHz 


= 256. = 2.5(—Ey/u) = 2.5(—1kV/4.55) = 2.5(—220 V) = 


—550 V. |, = 20 mA, therefore R, = 550 V/20 mA = 27.5 ki. 
From equation 6-4, e,{pk) = — 3£oo = 3(220) = 660 V pk. 


P, = 0.9e,(pk)/, = O.9(660)20 mA = 11.9 W. 


Emax) = Ey, — E,(max) — E(safety) = 1000 — (660 V — 550 V) 


— 0 = 890 V pk. 


From Table 6-1 with 6, = 120° and /, = 1A, ,{rms) 


P, = (890) V/\/2)(1.27 A) = 799 W. 
A, 
18.3 dB. 


= P,/P, = 799 W/119 W = 67.2.A\db) = 


= 1.2/ MA. 


10 log 67.2 = 


P, = 1kV XK 1A = 1 kW. BR = 1000 W — 799 W = 201 W. 


Np = PIP y = 799/1 kW = 79.9%. 


Z, = e,/i, = 890 V pk/1.27V/2 A pk = 496 Q. 


OQ = f,/BW = 10, and X% = X&% = 


zation. 


onance with C,,—that 


negative. When the feedback phase Is positive, the 
amplifier will be regenerative and have a very nar- 


row bandwidth. 


#370 


IS, 


= 49.6 Q. 


At 10 MHz, L = 790 nH and C = 320 pF. 


By adding a parallel path of feedback from 
Output to input, the internal device feedback can 
be cancelled. This technique is called neutrall- 


Numerous circuits have been used for provid- 
ing an appropriately phased current for neutraliza- 
tion. A few of these are shown in Figure 6—/, 
where the n subscript designates the device which 
provides a current of just the right phase and mag- 
nitude to cancel the current in C,.. 

Neutralization tends to be an art as much as 
a science because the device's internal package re- 
actances and the external circuit phases are not 
known exactly. However, a first approximation for 
L, of Figure 6—7 Is a value which will produce res- 


IMPEDANCE-MATCHING NETWORKS 








AC ground 


FIGURE 6-7  WNeutralization networks. 
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INTEGRATED CIRCUIT, RF POWER 
AMPLIFIERS 


Since the early 1970s, RF power modules have 
been in production. Their small size and reliability 
have made them especially useful in portable and 
mobile radio applications. As an example, Moto- 
rola’s MHW 820 with a 12.5-V power supply will 
produce 20 Watts into 50 Q from 806-870 MHz, 
while achieving 19 dB of gain. The data sheet is 
shown in Figure 6-8. This 1.4-inch (35.8-mm) X 
0.7(18) X 0.35(8.9) hybrid IC is designed to be 
stable even for highly mismatched loads (VSWR up 
to 6:1 at all phase angles). Also, harmonic distor- 
tion outputs are attenuated by up to 56 dB below 
the carrier with internal low-pass matching net- 
works of microstrip circuits on alumina circuit 
board for small size. 

The schematic of Figure 6—9 is from a Mo- 
torola Applications Note (EB-92A) for a 25-Watt, 
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144-148 MHz amplifier for hand-held UHF radios. 
About all the user has to do with these RF power- 
modules is to provide low-frequency decoupling 
networks and design an output-matching network/ 
low-pass filter, as shown in Figure 6—9. Small in- 
ternal components decouple the power supply 
lines for frequencies above 5 MHz, but the high 
gain at low frequencies makes the external decou- 
pling networks necessary. 
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IMPEDANCE-MATCHING 
NETWORKS 


One of the possible surprises in power amplifier 
design is the realization that output impedance- 
matching is not based on maximum power transfer 
criteria. One reason for this is the fact that match- 
ing the load to the device output impedance results 
in power transfer at 5O-percent efficiency. More 
importantly perhaps are the constraints imposed by 
the available power-supply voltage and the speci- 
fied output power. To illustrate this point, suppose 
that a single-ended, solid-state power amplifier 
must deliver 26 W, and the power supply is spec- 
ified to be 12.5 V—typical for mobile transmitter 
systems. The transistor collector voltage can at 
best swing 12.5 V pk (8.84 V rms), so that the 
transistor must be working into an impedance of 
30 (R = 8.847/26 = 3 Q). The impedance seen 
by the active device must be 

R, = [Veo — Veelsat)]*/2P (6-12) 
where V,-(sat) is the transistor saturation voltage 
which limits the peak signal swing. The device 
break-down voltage (BV) must also be considered. 
For a collector swing of Vx, = V,., the collector 
voltage will reach 2V,.. Therefore, 


V.(max) = BV/2 (6-13) 
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(S) MOTOROLA 


SEMICONDUCTORS 


P.O. BOX 20912 © PHOENIX, ARIZONA 85036 


The RF Line 


UHF POWER AMPLIFIER MODULE 


... designed for 12.5 volt UHF power amplifier applications in 
industrial and commercial FM equipment operating from 806 to 
950 MHz. 
@ MHW820-1 806-870 MHz 
MHW820-2 806-890 MHz 
MHW820-3 870-950 MHz 
Specified 12.5 Volt, UHF Characteristics 
Output Power = 20 Watts (MHW6820-1,2) 
= 18 Watts (MHW820-3) 
Minimum Gain = 19 dB (MHW820-1,2) 
17.1 dB (MHW820-3) 
Harmonics = —58 dBc Max 
50 2 Input/Output Impedances 
Guaranteed Stability and Ruggedness 
Features Three Common-Emitter Gain Stages 
Thin-Film Hybrid Construction Gives Consistent Performance 
and Reliability 
Gold-Metallized and Silicon Nitride-Passivated Transistor 
Chips 
Controllable, Stable Performance Over More Than 30 dB 
Range in Output Power 





MAXIMUM RATINGS (Flange Temperature = 25°C) 


[Be SuppivVoreees——*dNan Van. Vag [8 
RF Input Power (Pout < 25 W) |. Pin | OO 
RF Output Power (Pi, <400 mW) | Pour =| 28 


FIGURE 6-8 


MHW820-1 
MHW820-2 
MHW820-3 


18/20 W — 806-950 MHz 


RF POWER 
AMPLIFIER MODULE 
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MHW820-1 © MHW820-2 ¢ MHW820-3 


ELECTRICAL CHARACTERISTICS (Flange Temperature = 25°C, 50 2 system, and Vs] =Vs2 = 12.5 V unless otherwise noted) 


Frequency Range MHW820-1 
MHW820-2 
MHW820-3 


Input Power (Poyt = 20 W) MHW820-1, 2 
(Pout = 18 W) - MHW820-3 

Power Gain (Poyt = 20 W) MHW820-1, 2 
(Pout = 18 W) MHW820-3 

Efficiency (Poyt = 20 W) MHW820-1, 2 
(Pout = 18 W) MHW820-3 


Harmonic Output 
(Pout Reference = Rated Poyt) 


Input VSWR 
(Pout = Rated Poyt, 50 2 Reference) 


Power Degradation (—30 to +80°C) 
(Reference Poyt = Rated Poyt @ Tc = 25°C) 


Load Mismatch Stress 
(Vs1 = Vs2 = Vg3 = 16 Vdc, Pout = 25 W, VSWR = 30:1, 
all phase angles) 


Stability (Pj; = 0 to 250 mW, [MHW820-1, 2] or 350 mW 


[MHW820-3] consistent with max, Poyt = 25 W, Vs1 = All non-harmonic related spurious outputs 
Vs2 = Vs3 = 10 to 16 Vdc, Load VSWR = 4:1) = 70 GB below the desired output signal level 





FIGURE 1 — 806-950 MHz TEST SYSTEM DIAGRAM 








MHW820 Internal Diagram 


MHW820 
Test 
Fixture 
Diagram 


RF Output 


509 
Termination 










Vs1 Vs2 Vs 
+ 12.5 Vde @ 0.45 A + 12.5 Vde @: 1.25 A +12.5 Vde @ 3.2 A 
(Typical) (Typical) (Typical) 













10 dB 
Attenuator 






Z1, Z2 — 50 2 Microstrip 


RF | C1, C4, C7 — 1.0 pF 
Signal C2, C5, C8 — 0.1 pF 
Generator C3, C6, C9 — 0.018 pF 


(AA) MOTOROLA Semiconductor Products Inc. 


FIGURE 6-8 _  (Continued.) 
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FIGURE 6-8 


(Continued.) 





MHW820-1 @ MHW820-2 ¢ MHW820-3 — 








TYPICAL PERFORMANCE CURVES 
(MHW820-1 2 3) 


FIGURE 2 — INPUT POWER, EFFICIENCY 
AND VSWR versus FREQUENCY FIGURE 3 — OUTPUT POWER versus INPUT POWER 
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FIGURE 4 — OUTPUT POWER versus SUPPLY VOLTAGE FIGURE 5 — EFFICIENCY versus SUPPLY VOLTAGE 
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Vs1. Vs2. Vs3. SUPPLY VOLTAGE (Vde) Vs}. Vs2. Vs3. SUPPLY VOLTAGE (Vde) 


FIGURE 6 — OUTPUT POWER versus SUPPLY VOLTAGE 
TO FIRST STAGE (Vs1) FIGURE 7 — INPUT POWER versus CASE TEMPERATURE 
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FIGURE 8 — INPUT POWER, EFFICIENCY AND 
VSWR versus FREQUENCY FIGURE 9 —- OUTPUT POWER versus INPUT POWER 
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FIGURE 10 — OUTPUT POWER versus 
SUPPLY VOLTAGE FIGURE 11 — EFFICIENCY versus SUPPLY VOLTAGE 
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APPLICATIONS INFORMATION 


Nominal Operation 

All electrical specifications are based on the following 
nominal conditions: (Poyt = Rated, Vs1 = Vs2 = Vs3 
= 12.5 Vdc). This module is designed to have excess 
gain margin with ruggedness, but operation outside the 
limits of the published specifications is not recom- 
mended unless prior communications regarding the in- 
tended use has been made with a factory representa- 
tive. 


Gain Control 

This module is designed for wide range Poyt level 
control. The recommended method of power output 
control, as shown in Figure 3 and 9, is to fix Vg1, Vs2, 
and Vg3 at 12.5 Vdc and vary the input RF drive level 
at Pin 1. 

A second method of output control is to adjust the 
supply voltage (Vg1 independently or Vg1, Vg2, and Vs3 
simultaneously). However, if any of these voltages fall 
out of the range from 10 to 16 volts module stability 
cannot be guaranteed. Typical ranges of power output 
control using this method are shown in Figures 4, 6, 
and 10. 

In all applications, the module output power should 
be limited to 25 watts. 


FIGURE 12 — TEST FIXTURE ASSEMBLY 





Decoupling 

Due to the high gain of each of the two stages and the 
module size limitation, external decoupling networks 
require careful consideration. Pins 2, 3 and 4 are internally 
bypassed with 0.018 uF chip capacitors which are effec- 
tive for frequencies from 5 MHz through 950 MHz. For 
bypassing frequencies below 5 MHz, networks equivalent 
to that shown in the test fixture schematic are recom- 
mended. Inadequate decoupling will result in spurious 


Input 
(Line Width =0.177”) C3 C6 c9 


Outputs at specific operating frequencies and phase 


angles of input and output VSWR. 


FIGURE 13 — TEST FIXTURE CONSTRUCTION 
TOP VIEW 


(4 x 4x 0.5 inch Aluminum Base) 
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RF 


CROSS SECTION VIEW 
RF Vs3. Vs2 Vs1 = RF 


ee \ x | J Input (ép = 2.55) 


0.0625” Thick 
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C1, C2, C4, C5, C7, C8 


Bring capacitor leads through fiberglass board and solder to Vs1. 
Vs2, and Vg3 lines as close to module as possible. 

To insure optimum heat transfer from flange to heatsink, use 
standard 6-32 mounting screws and an adequate quantity of 
silicon thermal compound (e.g., Dow Corning 340). With both 
mounting screws finger tight, alternately torque down the 
screws to 4-6 inch pounds. 


Load Pull 

During final test, each module is ‘‘load pull’’ tested in 
a fixture having the identical decoupling network de- 
scribed in Figure 1. Electrical conditions are Vs1, Vs? and 
Vs3 equal to 16 volts output, VSWR 30:1 and output 
power equal to 25 watts. 


Mounting Considerations 

To insure optimum heat transfer from the flange to 
heatsink, use standard 6-32 mounting screws and an 
adequate quantity of silicon thermal compound (e.g., 
Dow Corning 340). With both mounting screws finger 
tight, alternately torque down the screws to 4-6 inch 
pounds. The heatsink mounting surface directly be- 
neath the module flange should be flat to within 0.002 
inch to prevent fracturing of ceramic substrate material. 
For more information on module mounting, see EB-107. 


(AA) RIOTOROLA Semiconductor Products Inc. 


(Continued.) 


Output 
(Line Width 
= 0.177”) 


See Cross 
Section 


View 


Teflon — Fiberglass 
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Flange 
R, R, 
FIGURE 6-9 25-W R52 Input 
power amplifier using an attenuator 
(if desired) 


integrated circuit RF power 
amplifier module. — 


An impedance-matching system may be 
merely a special wideband transformer which is 
used for broad-band matching, or it may be one of 
a variety of networks realized with inductor-capac- 
itor combinations or transmission line structures. 
The purpose of the impedance-matching network 
is to transform a load impedance (which may be 
complex) to an impedance appropriate for opti- 
mum circuit operation. The appropriate circuit 
impedance is almost always complex, and the net- 
work is designed to provide a complex conjugate 
match over a specified bandwidth. The networks 
are two-pole (LC) bandpass or low-pass resonant 
circuits to minimize noise and spurious signal 
harmonics. 

To illustrate the circuit analysis concepts in- 
volved, the equations for the simple matching net- 
work seen in Figure 6—10 are derived below. Ex- 
tending these techniques to the matching of loads 
with complex impedances (such as _ interstage 
matching) is a matter of increasing or decreasing 
the values of the series reactance. 

The Q for most matching networks is typi- 
cally less than 5, thus the exact equations for par- 
allel-to-serial conversion are used. These conver- 
sion equations are 1-17/18 and 1—26/27. 

First, the parallel combination of A, and X¢ is 
converted to its series equivalent. This is done for 
the series equivalent of A, with equation 1-16 as 


= Vie 
Ferrite 
7 7 i | ~ beads 
Decoupling 
7 networks 2 f. Notch filter 
ate (ag ee 
= 63 
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+13.6 V 


R,, = R,/(Q* + 1). The matching network will be 
resonant with low Q for wide bandwidth. Con- 
sequently A,, = AR, to match the load to the 
desired value of R, (equation 6-12). Therefore, 
R, = R,/(Q* + 1) from which 


Q= VIAR/R,) — 1. 


(6-14) 





R, =R,NO? +1) 


FIGURE 6-10 Output-matching network 


IMPEDANCE-MATCHING NETWORKS 


X, is the inductive reactance which brings the 


network to resonance, thus 
Mm = Xe (6-15) 


Also, Q = X,,/R,, = X,/R,, which is substituted 


into Q = V(R,/R,) — 1 to yield 


X, = VRRP, — Pe (6-16) 
Finally, X. = R,/Q = R,/(X,/R,) so that 
xX, = AAASX (6-17) 


The use of this matching network is predicated on 
the fact that R, < A, according to equation 6—16. 
Also, the equations given allow for the matching of 
pure A, into R, in a way similar to the so-called 
quarter-wave transtormer of chapter 14 for trans- 
~mission lines. However, another component (or 
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more of the above L sections) will be required to 
allow for the independent setting of the overall cir- 
cuit Q and bandwidth. One such circuit is the *’Pi’’- 
(7-) matching network of Figure 6-11. 

The example to follow will include a check of 
equations 6—16 and 6—17 to further reinforce the 
circuit analysis concepts which form the basis for 
deriving all matching network equations. 





FIGURE 6-11 
resistance Rr 


m-matching network showing image 





EXAMPLE 6-2 


A 5O-MH#z, integrated circuit, power amplifier is to deliver 26 Watts to a 50Q 
antenna. V,, = 12.5 V, Voe(sat) = O, and the output capacitance of the IC 


is internally matched and can be ignored. 


‘ly 


Determine the values of L and C for the L-matching network of Figure 
6-10, which will transform the 5OQ load to the required value of FR, in 
order to achieve the desired output power. 


2. Determine the circuit bandwidth. 

Solution: 

1. (a) R, = (12.5 V2 XK 26 W) = 3 Q. This is less than A,, therefore 
equation 6-16 is valid. X, = V(3 X 50) — 3* = 119. At 
5O MHz, L = 11.9/2750X10° = 0.038 wH. 

(b) X, = 3 & 50/11.9 = 12.6 Q, which at 50 MHz requires 

C= 1/(27rfX,) = 253 pF. 

2. 


The resonant Q will be (5%) — 1 = 4, and the bandwidth is 50 


MHz/4 = 12.5 MHz. 


Check the results as follows: Starting at the output parallel combination 
of R, and XxX, Q = A/X = 50/12.6 = 4. RA\||X, = (50 X — /12.6)/ 
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(560. — fl2.6) = 6380. 7-90" /b1.6 -—14" = 12.2 /—-/* = se 
j11.9 Q. 
Hence an inductance of +/11.9 Q will bring the network to resonance 
and present the IC output with the pure 3 2 needed to produce 26 W 


with a 12.5-V power supply. 





Pi Matching Network 


One of the most frequently used matching net- 
works for transmitter output stages is the 7- 
matching network implemented in a 3-pole low- 
pass filter configuration with a resonant peak and 
steep skirts (high-frequency roll-off). The three re- 
actances are determined for an impedance match 
between terminating impedances A, and A, at the 
resonant frequency w,. AR; and A, can be any value. 

The network as illustrated in Figure 6—11 Is 
really two L-networks in which the separate sec- 
tions transform the terminating impedances to the 
same image resistance R,. The image resistance is 
lower than either RA, or R,. The value chosen for A; 
will determine the network QO, which is taken as 
the higher of Q, and Q, for convenience. Q, is the 
Q of the parallel combination of R, X, and is R,/X, 
= QO, = Rw,C,, where w, is the center frequency 
of the resonant peak. Also, from equation 6—14 for 
the L-section, 


QO, = V(R/Rp) — 1 


where Rf, > Re(also R, > Ap) 


(6-18) 


EXAMPLE 6-3 


Design a low-pass a-matching network to match A; = 1k and A, = 10k 


Combining, we have 


C, = (1/w,R,) V(R,/R-) — 1 (6-19) 
also. C, = (1/w,R,) V(Ro/Rp) — 1 (6-20) 


Each part of the inductor will resonate the two L- 
sections so the total inductance has a value of 
(R/w)Q, + Q,) or 


L = (Rw, VIR/R) — 1 
+ V(R/R) — 1) 


The choice of AR, depends on the desired out- 
put filtering requirements (selectivity). One of the 
sets of curves from Figure 6—12 or 6—13 is used, 
depending on the ratio of terminating impedances. 
Then A-is chosen to achieve the desired circuit se- 
lectivity. Finally, the matching network insertion 
loss (attenuation at the resonant frequency) can be 
determined from Figure 6—14 or 6—15 as a func- 
tion of the unloaded Q of the actual inductor used 
for L. 


(6-21) 


at w, = 2 X 10° rad/sec. Use the curves for the m-matching network and 


determine C,, C,, and L so that the second harmonic is attenuated by at least 
34 dB. Also determine the Q, and insertion loss at w, if an inductor with 
QO, = 80 Is used. 


Solution: 





1. From the unequal terminations (R; = 10R,) curve of Figure 6-12, the 
second harmonic will be down by about 34 dB with R,/A, = 20 (curve 
c). RAe= R,/20 = 50. 


IMPEDANCE-MATCHING NETWORKS l 2 l 
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Attenuation (dB), normalized to OdB at w, 
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| 0 ( FIGURE 6-12 Unequal 
w/w, or f/f, terminations (R, = 10R,). 
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Attenuation (dB), normalized to 0 dB at w, 









2. C, = V(R/R) — wR) = V20 — 1/(2 X 10° X 10°) = 4.36/ 
2X 10° = 0.0022 pF. 

3. AJR = 10kK/50 = 200. CG, = W200 — 12 X 10° X 104 = 
(14.1)/2 & 10° = 705 pF. 

4. L = RAO, + O)/w, = 5014.36 + 14.1)/2 K 10° = 461.5 pH. 

5. The overall loaded Q of the network is about 14. The low-Q section 


does not change this much. 
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6. (, of the inductor is given as 80. The insertion loss curves (Figure 6— 


14) for unequal terminations (R, = 10A,) on the A/R, = 


20 curve in- 


tersects O, = 80 at 0.9 dB. Unfortunately, 0.9 dB is a lot of transmitter 
power to lose; a 10-kW transmitter would be wasting 1.9 kW! We need 
a much better inductor—a QO of 200 would only cost us 
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Q,, = w,L/r (r = internal resistance of inductor) 


FIGURE 6-14 Loss: unequal terminations (R, = 
70R,/. 


Transistor and Vacuum-Tube 
Matching Network Equations 


All the networks in this section will provide imped- 
ance matching with an independently selected Q 
and bandwidth. The first step in the design pro- 
cedure is to write Z,, and/or Z.,, for the device to 
be matched. This series equivalent impedance is 


oon — R; ee IXr (6-22) 
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FIGURE 6-15 Loss: equal terminations (R,; = R,). 


The network equations have been solved to 
provide a conjugate match between Z; = A; — 
JX, (capacitive) and system impedance A,. After 
the desired bandwidth and Q are determined, 
compute 


RAG? + 1) 


Bb 
I 


and (6-23) 


The network component values for the matching 
circuit of Figure 6—16 are: 


xX, = OR, + Xx, (6-24A) 
Xo = BR, (6-24C) 


AM MODULATOR CIRCUITS 
Series 
equivalent 
impedance ' ‘a C5 
| 
| 
Ry | 
| C; R, 
Cy : 
faded a ca 


FIGURE 6-16 Matching network. 


Another excellent matching network is the 
‘Tee’ network of Figure 6-17. This can be used 
when A; is greater or less than A,. The equations 
are: 


xX, = OR, + X; (6-25A) 
X12 = BR, (6-25B) 
xX, = A/(Q + B) - (6-25C) 


i 
ee a L, 2 
| i 
R; | a & Fy. 
| 4 
oa 1 1 
TL | . ° 
= | 
te ins = 
FIGURE 6-17 ‘Tee”™ matching network. 


For vacuum tubes where device impedances are 
greater than 50 Q, the a network of Figure 6-18 
is often used; note that AR; and C; are in a parallel 
arrangement. After C, is computed, C; is sub- 
tracted in order to determine the appropriate ex- 
ternal shunting capacitance. 


Xe = R-/Q, RA, > Ay (6—26A) 
R,/R, 
Xo = R —_—_—_—————-__ (6-26B) 
r ; (Q? + 1) — (R,/R,) 
OR, — (R-R,/X-~) 
xX, = ele MMos ela oie (6-26C) 


Or 47 
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Parallel equivalent 


circuit to be 
matched 
c 
a aa a Ce a ae ~] 
| 
| 
| 
| 
= = | = = = 
ae aa 


FIGURE 6-18 2-matching network and complex 
impedance to be matched. 


AM MODULATOR CIRCUITS 


Amplitude modulation is produced when the gain 
of the RF carrier amplifier is varied in accordance 
with the input information signal. When high output 
power is required, an efficient Class C amplifier is 
used as the modulator. All-solid-state transmitters 
exceeding 10 kW are available. When tens-of- 
kilowatts of output power are required, the output 
devices are (liquid-cooled) vacuum tubes. 


Solid-State Modulator 


Solid-state AM modulators are usually biased Class 
C, and the output RF signal amplitude is modulated 
by causing the collector supply voltage to vary with 
the modulation signal. As illustrated in Figure 6—19, 
the collector voltage is varied by transformer- 
coupling (7,) the audio modulation signal in series 
with V,,. The RF choke (RFC) and RF-bypass ca- 
pacitor (RF-BP)* isolate the carrier from the audio 
section and power supply line. 





*The symbol shown for the RF-BP indicates a high- 
capacitance feed-through sometimes referred to as a filter- 
con (filter/connector). This device is screwed or soldered 
into a metal separator or wall (bu/khead) for RF isolation. 
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Audio modulator 
power input 


RF shield --——— 


Carrier 


TU 


FIGURE 6-19 _ Transistor 
AM modulator. 


Impedance-matching network  L,-C,-L,-C, 
maintains a constant impedance at the collector, 
but the varying supply voltage effectively shifts this 
(constant) load-line along the V,, axis. For sinusoi- 
dal modulation, the collector supply voltage is 


Vee = Veo + V,, sin 27f,,t 


= V.(1 + msin 27f,t) (6-27) 
where m = V,/V,, is the modulation index. 

If 100-percent modulation (m = 1) is to be 
achieved, the peak audio voltage coupled into the 
T, secondary must equal the supply voltage, 

V(audio) = V,, (6-28) 

If the RF amplifier of Figure 6—19 had a con- 
stant supply voltage (no modulation), the collector 
voltage would be V,.. With RF input, the collector 
voltage can swing almost to ground (less V., sat) 
on the negative swing and to 2V,. on the positive 
swing, thereby maintaining an average V,,. For 
100-percent modulation, however, the peak supply 
voltage reaches 2V,., and therefore the positive 
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Matching network 
tuned to carrier 
— frequency 


peak RF swing can reach 4V,,*, as seen in the col- 
lector waveform of Figure 6-19. As a result, the 
choice of transistor for the AM modulator: must in- 
clude high breakdown voltage. In particular, 


BV = 4V,.,, (6-29) 


Since an amplitude-modulated signal must 
maintain amplitude linearity, any amplifier following 
the modulator must be Class A or, as is usually the 
case in transmitters, Class B push-pull. Figure 6— 
20 shows an all-solid-state transmitter outout with 
a tuned push-pull amplifier final. R, can be adjusted 
to bias Q; and Q, for Class A or Class B (actually, 
almost B, called AB) operation. Sometimes FR, is 
replaced by a diode which will help track-out tem- 
perature variations of Vz- for Q; and Q,. Diodes D, 
and D, form a network to allow the driver Q, to 
be modulated on positive modulation peaks when 
V, exceeds V,,. 


*The extra drive power required on the positive peaks 
also can be achieved by collector-modulating the driver am- 
plifier on the positive part of the modulation cycle. (See the 
network formed by D1 and D2 in Figure 6-20.) 


AM MODULATOR CIRCUITS 


Driver Modulator 


«HK § 
carrier = 
input Ry = 






Modulator 


D1 
input 


FIGURE 6-20 _ All-solid-state AM moadulator/transmitter. 


Vacuum Tube AM Modulator 


High-power TV, AM, and FM broadcast stations 
transmit 50 KW or more. These HF transmitters 
require the high plate voltage capability that only 
vacuum tube technology can provide at this time. 
The output voltage waveforms and breakdown 
voltages are ideally the same as for the solid-state 
AM transmitter. The high power requirements of 
broadcast transmitters place very difficult specifi- 
cations on the audio output stage in the modulator. 

If at full modulation the transmitter output Is 
P,, then from chapter 5, P, = [1 + (m7/2)]P, and 


form = 1, 
P, = 1.5P, (6-30) 


where P. is the unmodulated carrier power. The 


EXAMPLE 6-4 
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Linear Final 
Q, i 





peak envelope power atm = 1 Is 


PEP = 2.66P, (6-31) 


The total sideband power is Pes = (m*/2)P, = 
P,/2 for 100-percent modulation. If the RF ampli- 
fier plate efficiency is ,, then the power supply 
must deliver Py, = P,/n,, and the audio system 
must add P,/2n, in order to achieve 100-percent 
modulation. Hence, the audio power requirement 
is 


F sudiotrnand = Fe /2 (6-32) 


The ac impedance that the audio transformer 
secondary sees is the same that the modulator 
power supply sees: 


Audio = Evi ly (6-33) 





An AM transmitter must transmit 29.93 kW PEP. It maintains an average plate 
current of 1 amp and a 75-percent plate efficiency. Determine: 


1. The average output power at 100-percent modulation. 
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2. The unmodulated carrier power. 
3. The audio power and secondary impedance requirements. 


4. The plate supply voltage. 


Solution: 


P. = 29.93 kW/2.66 = 11.25 kW. 
= 11.25 kW/1.5 = 7.5 kW. 


P, = 7.5 kW/0.75 = 10 kW. P,,,,(max) = 5 kW. However, the 
modulation power transmitted is only 5 kW X& 0.75 = 3.75 kW. 

Fy = Pig /hg = 10kKW/1 A = 10 kV. The audio transformer will have 
a secondary impedance of 10 kV/1A = 10 kQ. 


Grid Modulation 


The high audio power requirements in plate-moa- 
ulated AM systems can be greatly reduced by 
using grid modulation. Grid modulation can be ac- 
complished by transformer-coupling the modula- 
tion signal into the grid bias circuit (or base circuit 
of a bipolar transistor). The advantage of grid mod- 
ulation is that modulating the RF carrier at the 
Class C amplifier input requires a good deal less 
modulating power because of the gain of the am- 
plifier. Therefore, grid modulation is called /ow- 
level modulation, aS opposed to high-level plate 
modulators. This modulator power savings, how- 
ever, has drawbacks: the peaks of the grid drive 
signal now have an amplitude variation (see Figure 
6-21). 

Grid modulation requires very critical adjust- 
ments to circuits which still are not as linear as 
plate modulators. Consequently, they are not often 
used, with the notable exception of TV broadcast- 
ing. The television picture (video) is broadcast as 
an AM signal with a bandwidth of 4.2 MHz. Be- 
cause of the difficulty of producing high-power 
modulation amplifiers with greater than 4 MHz of 
bandwidth, grid modulation is used. 





Transmitted signal 





Tube 
transfer —» 
characteristic 





Plate voltage 


| (RF on modulating sinusoid) 
| Eg 


FIGURE 6-21 Grid modulator signals. 








PROBLEMS 


Problems 


. A power amplifier has 1 KW of RF input drive 

and 5O kW of output power. 

a. Where does the 50 kW of power come 
from? 

b. What is the power gain in decibels ? 

. A power transistor delivers 50 W at 10 MHz 

with efficiency 7. How much power is wasted 

as heat for 


a. n = 25% 
b. n = 50% 
c. 1 = 785% 
d. n = 85% 


. What is the theoretical efficiency for the fol- 

lowing types of amplifier operation: 

a. Class A RC-coupled 

b. Class A transformer-coupled 

c. Class B push-pull 

d. Class C (no output power) and Class C 
(practical high-output power operation) ? 

. Why are Class C amplifiers not used for audio 

power amplification? 

. If the output current of a Class C amplifier 

consists of pulses, how can a continuous si- 

nusoid be transmitted? [This is called contin- 

uous wave (CW) transmission. ] 

. If 50 kW is to be transmitted, why use Class 

ct 

. a. How much power must a power-supply 

supply if a power-supply is supplying power 

to an 85-percent, 20-kVW power amplifier? 

b. Repeat a for Class A transformer-coupled 

operation. 

. Explain the process by which an electron is 

liberated from the metal cathode and accel- 

erates across the vacuum space of a vacuum 

tube. 

. A 38CX20000A7 is specified to operate with 

a heater-element voltage of 6.3,.V and 160A 

of current at 60 Hz. Determine the heater 

power for this 25-kW, VHF, FM-transmitter 

tube. 


10. 


11. 


RF 
input 
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a. The plate voltage of a vacuum tube is 10 
kV. If the amplification factor for the tube is 
10, what is the cutoff voltage? 

b. If a 5-k load is used and the dynamic plate 

impedance is r, = 50 kQ, how much voltage 

gain can be expected when this tube is used 
in a Class A amplifier? 

For the Class-C RF amplifier shown in Figure 

6—22, use four words or less to answer each 

question. 

a. What type of bias is in the grid circuit? 

Is plate bias shunt- or series-fed? 

What are R, and C, for? 

What is C, for? 

What is C3 for? 

What is RFC for? What does it do? 

Where does the power come from to bias 

the grid? The plate? 

h. Trace on the schematic the complete RF 
path of current for the input grid circuit at 
the instant that the secondary of trans- 
former T, is + (as shown). Now trace the 
plate circuit RF current for this same in- 
stant. (Draw complete closed loops of 
current; ignore current through C;,.) 


eo Se aes eee 


eae 





FIGURE 6-22 
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12. The circuit of problem 11 has the grid voltage 
shown in Figure 6-23. If the cutoff voltage Is 
Eo = = ZV, 


a. 


Determine the conduction angle of the 
plate current. 

Sketch the plate and grid instantaneous 
current waveforms. 

If RA, in the grid circuit is 160 kQ, what is 
the average current through it? 

If no safety margin is used for the plate- 
to-grid voltage, calculate the maximum 
plate voltage swing for optimum opera- 
tion. 

What tank impedance is required to get 
200 Watts output? 





0° 60° 


120° 





Th 
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The dc plate current is 4830 mA. Deter- 
mine the plate dissipation and efficiency. 


A tetrode (4 electrodes plus heater) is shown 


in a Class C power amplifier in Figure 6-24. 
With a grid driving power of 20 Watts, an 
oscilloscope connected from grid to ground 
shows the signal of Figure 6—24B. 


da. 


O. 


Sketch the schematic, and the complete 
dc grid current path. (Show a complete 
loop.) 

How much should /,, the de grid current, 
be? 

What must the value of A, be? 

Calculate the cutoff voltage if w = 10. 

If no safety margin is used for the plate- 
to-grid voltages, calculate the maximum 
plate voltage swing for optimum opera- 
tion. 

What tank impedance is required to get 
300 Watts output? 

If the required bandwidth is 1 MHz, cal- 
culate the required tank inductance (f, = 
10 MHz). 

If this stage is driving a 50-Q2 antenna, 
what transformer turns-ratio is required ? 
If the dc plate current is 430 mA, deter- 
mine plate dissipation and efficiency. 
What is the purpose of C,? 


Output 
+50 


-— 150 


—350 
50 V/division 


B. 


FIGURE 6-24 


PROBLEMS 


14. A Class C vacuum-tube amplifier is operated 


TS. 


16. 


17. 


18. 


19. 


w = 1000 
rad/sec 


with a bias of — 125 V, E,, = 600 V dc, and 

is driven from a source with 130 V rms. Find: 

a. Maximum value of grid swing (above 
ground). 

b. Optimum plate voltage swing (in rms). 


If 1, = 200 mA dc and j, = 350 mA pk for 

the circuit of problem 14, determine: 

a. Power supplied from the plate power 
supply. 

b. RF output power. 

c. Plate dissipation. 

d. Efficiency. 


An RF transistor has a breakdown voltage of 
56 V. 100 W must be transmitted. Find: 

a. Maximum usable V,,. 

b. A (optimum collector load). 


Determine the L and C values to match a 50- 
Q load to a 3.9-Q amplifier output impedance 
at 1.6 MHz. Use a series inductor and shunt 
capacitor to form the low-pass L-matching 
network. 


Determine the LC values for a matching net- 
work used to match 50-Q to an impedance 
of 12 + /12 Q at 27 MHz. Hint: Use a ca- 
pacitor in shunt with the 50 Q, and adjust the 
value of the series inductance to achieve the 
additional 12-Q reactance. 


Figure 6-25 shows an RLC circuit driven from 

a 1 k-impedance current source. 

a. Determine the equivalent series circuit 
impedance for the 1-k 2-uwF combination. 
Sketch entire (series) network. 

b. Determine the value of L to tune the en- 
tire circuit at w = 1000 rad/sec. 


>1kQ 50 2 


FIGURE 6-25 


20. 


1s 


22. 


23. 


129 


c. Calculate the overall effective Q of the 
resonant network. 

d. Is this a matching network? 

a. Use circuit analysis to determine the mag- 

nitude and angle of the complex impedance 

Z indicated in Figure 6-26. 

b. What impedance can be matched to 50-Q 

using this low-pass L-matching network? 


X, = 502 


50 £2 





FIGURE 6-26 


Design a w-matching network to match a 2.4- 
Watt, solid-state power amplifier (V,. = 12 
V) to a 300-0 antenna. (The second harmonic 
output must be more than 20 dB below the 
1.59-MHz carrier; that is, 20 dBc.) 


Use the matching network of Figure 6—16 to 

match a 50-W solid-state power amplifier 

(SSPA) to a 50-Q antenna at 50 MHz with a 

QO of 10. V,, = 28 V and the SSPA output 

includes 180-pF of shunt capacitance. 

Figure 6-27 shows a_ transformer-coupled, 

Class C tuned RF amplifier used as a high- 

level amplitude modulator (plate). 

a. What peak-to-peak voltage is required of 
v, to produce 100-percent AM? 

b. What bandwidth is required to transmit 
the modulated signal? 

c. What value must C, be to tune the RF 
output? 

d. What is the effective O of the plate tuned 
circuit? 

e. The RFC (a) passes audio but not RF, (b) 
passes RF but not audio, (c) passes dc 
only, (d) increases RF gain. (Choose one 
answer.) 
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FIGURE 6-27 


24. An 8b-percent efficient Class C amplifier is 
used as an AM, high-level modulator. The 
supply voltage is 5 kV and bias current 1.5 
amps. 

a. Calculate the low-frequency (dc and 
audio) impedance of the amplifier. 

b. Determine the maximum RF output 
power. 

c. How much is the total sideband power in 
a 90-percent AM output signal? 
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B* =100V 


antenna 
0 Volts 


Plate lead 


d. For a 95-percent efficient audio trans- 


former, how many Watts must the audio 
system provide to the modulation 
transformer ? 


. If the audio output stage is Class B push- 


pull and 87-percent efficient (excluding 
the transformer), how much power must 
the dc power supply deliver to get the 90- 
percent AM? 





Introduction 


Chapter 5 included introductory discussions on 
many of the basic concepts of high-frequency re- 
ceiver systems. Receiver system topics included in 
chapter 5 are as follows: 


e Information bandwidth 

e Multiplexing 

e Distortion (include chapter 3) 

e Noise, noise figure, and S/N 

Modulation index, power, and bandwidth for 
AM transmissions 

Superheterodyning (mixing), image response, 
and RFI, including adjacent channel rejection 
Selectivity, sensitivity, and threshold 


e Dynamic range and AGC, including delayed 
AGC 


e AM demodulation 


FIGURE 7-1 
block diagram. 


AM receiver 


Once the requirements are established for a 
given system, the circuit performance parameters 
can be defined and the circuits designed. Some cir- 
cuit design and analysis techniques needed for re- 
ceivers have already been developed. These are 
found in chapter 1 (tuned circuits, small-signal am- 
plifiers, and transformer coupling), chapter 2 (os- 
cillators), chapter 4 (circuit noise analysis), chapter 
5 (AM detectors), and chapter 6 (impedance- 
matching circuits). 

Following a discussion of low-noise RF am- 
plifiers, circuit analysis and design for the other 
blocks of the AM receiver of Figure 7—1 will be 
developed. Receiver circuits specific to modula- 
tions other than AM will be covered in appropriate 
chapters to follow; for example, limiters, FM dis- 
criminators, and phase detectors are covered in 
chapters 9 and 10. 
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LOW-NOISE AMPLIFIERS (LNA) 








High-performance receivers such as those used for 
satellite communications require low-noise ampli- 
fiers (LNAs) in the input stages to optimize the 
most critical performance parameter, the noise fig- 
ure. As seen in the system noise figure equation, 
0-17, the first stage of the receiver system is the 
most important. The first two terms in this equa- 
tion, NR = NR, + (NR, — 1)/A,,, show that the 
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first stage should have low noise and high gain. 
Incidentally, the power losses ahead of the first 
amplifier, such as those due to lossy filters or 
transmission lines from the antenna, add directly to 
the NR, term. LNAs include two or more stages of 
amplification, along with matching networks to op- 
timize their performance. 

The unfortunate trade-off in low-noise ampli- 


LOW-NOISE AMPLIFIERS (LNA) 


fier design is between low noise and high gain be- 
cause the minimum system noise figure requires 
that the noise added by the first amplifier circuit— 
over and above what comes in from the antenna— 
be as low as possible, whereas the first stage gain 
be as high as possible. The best compromise is 
usually achieved by optimizing the first stage for 
minimum noise at moderate gain and the second 
stage for higher gain and moderate noise. 

The noise sources in RF bipolar transistor am- 
olifiers are shot noise in the emitter-base and base- 
collector junctions, thermal noise generated by the 
base-spreading resistance, and the circuit bias re- 
sistor noise. Bias resistors can be isolated by trans- 
former coupling at the input. The circuit is identical 
to the bias-coupling scheme used for IF amplifiers. 

Low-noise transistors are manufactured with 
special attention to reducing the resistance in the 
base region. One method is to make the base re- 
gion as narrow as possible; this brings the added 
benefit of increasing the dc beta of the transistor. 
Another technique used in RF and microwave tran- 
sistors is to diffuse multiple-emitter sites, bringing 
them off the chip with separate leads bonded in 
parallel to a low-inductance emitter ribbon. The 
most often used technique for producing a multi- 
ple-emitter transistor chip, however, is the geom- 
etry illustrated in Figure 7—2 called interdigitated or 
interleaved fingers. \f N is the number of emitter 
sites (7 in the 2GHz transistor of Figure 7-2), then 
the total base resistance is Rg = r,/N.* | 

Another thing to be aware of when looking 
for a low-noise transistor with the right price tag: 
there is an optimum generator impedance with 
which to drive the amplifier, and the optimum 
impedance is a function of frequency. The variation 
of noise figure with frequency is illustrated in Figure 
7-3. This curve shows a “plateau” region for f << 
f,, beyond which the device noise increases, reach- 





*An excellent discussion of high-frequency transistor 
design, as well as other information for microwave ampli- 
fiers and oscillators, can be found in a Microwave Associ- 
ates Bulletin No. 5210 entitled Transistor Designers Guide, 
1978. 
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ing a 6-dB/octave slope. For UHF and below, most 
transistors operate in the plateau region up to f,, 
whereas microwave transistors operate into the re- 
gion a couple of octaves above f,. The device 
specification sheet should include an optimum 
impedance versus frequency plot in the form of a 
Smith chart display. The Smith chart is discussed 
in chapter 14. 


Base 
lead 






Emitter 
lead 


FIGURE 7-2 Interdigitated (interleaved finger) 
geometry of microwave transistor. 


Noise figure (dB) 





0.1 f pauciey 10 f 


FIGURE 7-3 _ Noise figure variation with frequency. 


Amplifier Dynamic Range 


When optimized for LNA service, the amplifier dy- 
namic range may be limited. Bipolar transistors 
make good low-noise devices, but they are more 
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limited than field-effect transistors in dynamic 
range. 

The dynamic range of an amplifier is loosely 
defined as the input power range over which the 
amplifier is useful. For linear small-signal amplifiers, 
the useful range has a low-power limit determined 
by noise, the noise floor. An RF amplifier can still 
be useful if the input signal power is lower than the 
noise power,* but the noise must be minimized for 
maximum usefulness. 

The high-power limit depends on whether the 
amplifier is to operate on a single frequency signal 
or amplify more than one signal simultaneously. For 
one signal, the 7-dB compression point is usually 
specified as an upper limit of usefulness for linear 
operation. This is shown in Figure 7-4, where the 
linear gain drops off at the onset of amplifier 
saturation. 


_ Srd-order intercept 


Output power (dBm) 





—80 —60 —40 20 0 +20 
Input power (dBm) 


FIGURE 7-4 Amplifier saturation and 3rd-order 
distortion characteristics. The 1-dB compression and 
3rd-order intercept points are shown. 


*This is not an unusual operating condition for wide- 
band front-ends. Noise power is reduced in the narrower IF 
bandwidth, while signal power remains high. See Bandwidth 
Improvement in chapter 5. 
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The linear gain and 1-dB compression point 
for an amplifier is determined by plotting the output 
power versus input and extending the low-level lin- 
ear region with a straight-edge. The linear gain is 
found from any point on the straight line. The 1-dB 
compression point is given as the output power 
when the actual amplifier response is 1 dB less 
than the ideal (straight-line extension) response. It 
is often measured directly as the point at which a 
10-dB input increase results in a 9-dB output 
increase. 


Third-Order Intercept Point 


When two signals (or more) at frequencies f, and 
f, are amplified, nonlinearities in the amplifier will 
cause second- and third-order mixer-type products 
to be generated. Second-order products (2f,, 26, 
f, + f, and f, — f) are only of great concern in 
broadband systems because these products usu- 
ally fall outside the narrow bandwidth of most sys- 
tems. The third-order products (27, + f, 2f, — 
f,, 2f, — f,, and 2f, + f,)** usually fall inside the 
system bandwidth and cause a distortion called jn- 
termodulation distortion. Intermodulation distortion 
is an especially acute problem in radar systems be- 
Cause the return signal usually has a slightly differ- 
ent frequency than the transmitted signal with 
which it is compared for range (timing difference) 
measurements. The frequency difference is due to 
doppler effects. 

MOSFETs have better dynamic range than bi- 
polar transistors because MOSFETs have secona- 
order (square law) nonlinearities, whereas the bi- 
polars have higher-order nonlinearities associated 
with their forward- (and reverse-) biased junctions. 





**See the last paragraph of General Nonlinearity for 
more analysis and a cure for third-order products. 


MIXERS 


Example 7-1 
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Determine the gain, 1-dB compression point, and third-order intercept for the 


LNA of Figure 7-4. 


Solution: 


For an input of —60 dBm, the output is approximately —3/7 dBm. 
Hence, the gain is —37 dBm — (—60 dBm) = +23 aB. 

The 23 dB of gain remains linear until an input of about —22 dBm. 
1 dB of gain compression occurs for an input of about —20 dBm. 
The third-order intercept is +30 dBm (1 W). Notice that this amplifier 
never outputs +30 dBm. The intercept point is merely a point of com- 
parison or a linearity figure-of-merit for linear amplifiers. 


l-2 
MIXERS 


As stated in the receiver systems discussion of 
chapter 5, virtually every high-frequency receiver 
uses a mixer to down-convert the received RF sig- 
nal to an intermediate frequency (IF) signal. A 
mixer in RF systems always refers to a circuit with 
a nonlinear component that causes sum and differ- 
ence frequencies of the input signals to be gener- 


ene 











ated. Transmitters often use the sum frequency to 
up-convert the carrier to a higher frequency. Audio 
systems operators refer to mixing two sound 
tracks. This is NOT a mixer process: no sum-and- 
difference frequencies are generated, and no non- 
linear components are involved in the circuit. 
Rather, it is a linear addition of two signals so that 
the two sound tracks are heard simultaneously. 
Figure 7—5 gives a comparison for linear combining 
(addition or summation) and mixing. 


5 XS; 


FIGURE 7-5 Summing 
(A) versus mixing (B). 
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An RF mixer requires a nonlinear circuit com- 
ponent. Two broad categories cover the range of 
nonlinearities: the general nonlinearity which is ex- 
pressed mathematically by a power series and the 
nonlinearity produced in switching or sampling 
mixers. 


General Nonlinearity 


The output versus input nonlinearity of any device 
can be expressed mathematically by a power se- 
ries such as 


i, =fpta,+bvetert...tnav? (7-1) 


illustrated in Figure 7-6. Part A shows a mixer cir- 
cult with the LO and RF voltages transformer-cou- 
pled to a high-frequency diode. The currents pro- 
duced in the diode produce an output voltage 
Vv, & 1,Z in the tuned-output circuit impedance Z. 

Figure 7/—6B shows the nonlinear input-out- 
put V—/ curve of the diode. /, is the bias current 
developed for the purpose of placing the diode at 
the best operating point for optimum mixer perfor- 
mance. Curves 1, 2, and 3 show the linear (av;,), 
second-order (bv’), and third-order (cv%) nonlin- 
earities at the bias point /,. The constant a is the 
slope of the /, curve at the bias point, ana similarly, 
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constants 6 and c are scaling factors for the first 
two nonlinearities. 

For a simple second-order nonlinear device 
such as a FET, 


i, = 1,+ av,+ bv? (7-2) 


The inputs Vio ANd Vpe are linearly added by trans- 
former 7, to produce vj = Vio + Vp = COS wot 
+ A COS Wpet. The magnitude of the LO signal is 
much greater than the RF and is represented as 
unity because its primary function is to drive the 
diode into nonlinear operation. 

Substituting for v; in equation 7—2 gives 


i, = 1, + @2COS @ot + 2A COS Wert 


+ pi(cos wot + A COs Wp t}? 


lL, “b+ 4200S &,f + aA cos w,,t 


+ bcos’ wot 
+ 2DA COS w,,t coe w,-T 
+ bA* cos? Wert (7-3) 


It will be helpful to analyze each term of 
equation 7—3. The fourth term, which is a result of 
the second-order (square law) nonlinearity, can be 
expanded by a trigonometric identity as b cos* wot 
= pb/211 + cos 2a,t) = b/2 + 


Diode V-/ 
curve 






$ LO input 
B. 


FIGURE 7-6 Mixer circuit (A) and diode characteristic curve (B) showing 
nonlinear input-output relationship. 


MIXERS 


b/2 cos 2a,5t. This shows that some dc and LO 


second-harmonic currents are produced by distor- 
tion. Likewise the last term of equation 7-3 will 
yield dc and RF second-harmonic currents. These, 
together with the scaled inout current (terms two 
and three of equation 7-3), yield 


+ (input signal and second-harmonic current) 


+ 2bA COS Wot COS Wart (7-4) 
where J, = (/, + 6/2 + bA*/2). 


The last term of equation 7-4 Is the mixer » 


product of interest, 2DA COS @of KX COS Wprt. In- 
deed, the mixer derives its circuit symbol from this 
multiplication. By trigonometric identity, 


2DA COSW ot KX COSWat 
= bAcosiw,, + Wt DA cosl®,, — Oat 


which shows that the product of two input sinus- 
oidal signals will yield sum and difference fre- 
quency currents with amplitudes of one-half of the 
product term. Replacing the product in equation 
7—4 with this result gives the total circuit current 
/,. \f the parallel LC circuit of Figure 7—6 Is tuned 
to the difference frequency wW.5 — Wr = 2mlfo 
— fee), then the output voltage developed across 
the high-impedance tank will be proportional to the 
RF input voltage but will have an intermediate fre- 
quency of fe = flo — fre- 

It is important to remember that the preceed- 
ing calculations were limited to a second-order 
nonlinearity. If the cv* of equation 7-1 had been 
included, then third-order intermodulation prod- 
ucts, such as those discussed under Third-Order 
Intercept Point, would be generated. The higher- 
power terms may be treated as a compound of 
second-power terms. For example, 


= cl(Vio + Var) (Vio + Vee) I. 
Hence, | 
cv = Ol(Via + 2VioVae -F Var(Vio 7 Var)] (7-5) 


The frequencies produced are the triple combina- 
tions of + fa ff, where each of the fS can be 
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fio OF fer. One technique for minimizing the pesky 
third-order products is to use a double-balanced 
mixer, which has excellent isolation between RF 
and LO, RF and IF, and LO and IF. An analysis of 
this circuit, with close attention to the polarities of 
each cross-product (fF + &, 24, 2%, 2% = hy, 
2f, = f.,3f, 3f,, as well as f, and f,), shows that 
the only noncancelling outputs are the sum and dif- 
ference frequencies f, + fy. 


Switching or Sampling Mixers 


Figure /—/ shows the mixer circuit symbol and a 
squarewave LO switching signal. The LO signal 
does not actually have to be a squarewave, it must 
merely be strong enough to switch the diode of 
Figure 7/—6 completely on and off. The 50-percent 
duty-cycle LO waveform shown is the switching 
function of equation 8-1 for the balanced mixer/ 
modulator in chapter 8. Refer to equations 8-1 
through 8—4 for the derivation of the sum and dif- 
ference frequencies produced in switching mixers 
and balanced mixers. If the LO produces narrow 
pulses instead of the squarewave of Figure /—/, 
then the mixer output current has stronger mixer 
products at the higher harmonics of the LO. Since 
these harmonics will be filtered out anyway, sam- 
pling is a perfectly good mixing technique. 


AF 


signal > LF 


LO 


oes Ee a ee 


FIGURE 7-7 Mixer with squarewave local 
oscillator for switching or sampling. 


Other Frequency Converters 


There are numerous aspects of the analyses of 
mixers to make special note of, but two deserve 
special mention. First, while a nonlinear circuit 
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component is absolutely necessary to generate the 
sum and difference frequencies, the overall circuit 
transfer function V¢/Var is linear; that is, like an am- 
plifier, a wide range exists over which an increase 
of the RF signal power will result in an equal in- 
crease in the power of the IF signal. Second, the 
power losses of mixer diodes and other circuit 
components plus the removal of any unwanted 
mixer output terms containing A (7-3 and 7-4), 
typically result in an RF to IF power loss of 6dB 
(called conversion loss). 

Figure 7-8 illustrates a few of the almost lim- 
itless circuit configurations for mixers (and fre- 
quency converters). The simple diode mixer of (1) 
has been previously discussed, except that here 
the LO is capacitively coupled. C, is always small 
in value because the LO frequency is almost always 
higher than the RF; more importantly, the high 
impedance of the small C, allows for isolation of 
the oscillator circuit from the mixer, while 7, pro- 
vides for impedance-matching of the mixer to the 
RF circuit. 

Mixer (2) is an active mixer in which a net 
conversion gain is achieved. The base-emitter junc- 
tion is driven into nonlinear or switching operation 
by the large LO signal. Mixing occurs in the input 
Junction, and the transistor current gain and tuned- 
collector circuit produce power gain at IF. The 
overall circuit gain is 6 dB less than the circuit 
would produce with an IF signal as an input. 

Mixer (3) makes use of a dual-gate MOSFET 
to achieve good isolation between the LO and RF 
input circuits. Also illustrated in this VHF mixer for 
a TV tuner (RF front-end) is a circuit connection for 
automatic gain control (AGC). 

Integrated circuits, such as the CA (or LM) 
3028A which operates to 120 MHz, also give good 
isolation in this mixer configuration. As seen sche- 
matically in mixer (4), the 3028A has a differential 
amplifier with a (normally) constant current source 
Q, which is modulated by the LO. Thus, sum and 
difference frequencies are produced. This IC has 
numerous applications, including AM modulator 
and cascode amplifier with AGC. 
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Circuit (5) is the double-balanced mixer 
which, as mentioned earlier in this section, 
achieves isolation between each of the three ports. 
This circuit is Seen again and again in this book, 
including its application in high-level digital PSK 
MODEMS. (See chapter 8 for an analysis of its op- 
eration in single-sideband systems.) 

Finally, converter is the name given to a Clir- 
cult which uses a single active device—whether 
transistor, tube, or |C—to make an oscillator (LO) 
and an active mixer. Circuit (6) illustrates the fre- 
quency converter. The IF tuned circuit has very low 
impedance at the much higher LO frequency (due 
to C,), and C, provides a feedback path for the 
local oscillator. Also, the oscillator tuned circuit is 
essentially a short-circuit to the IF due to L,; there- 
fore the emitter circuit has low impedance for 
good gain. 

The usual approach taken in mixer design is 
to consider the dc bias as if the circuit will operate 
Class A, then adjust component values later when 
the optimum LO power Is determined empirically. 
The ac design has three aspects: (1) The RF signal 
is transformer-coupled and impedance-matched to 
optimize the received signal’s path. (2) The LO is 
coupled to the input through a high-impedance cir- 
cuit Component, such as a small-value capacitor, 
so that this connection does not load down the RF 
signal path. (We can afford to waste a small 
amount of local oscillator power for the sake of 
optimizing the received signal.) (3) The output cir- 
cuit must be optimum for the intermediate (differ- 
ence) frequency signal, including the modulation 
spectrum, while eliminating the fre, fio, aNd fee + 
fio. In particular, the strong LO signal must be 
greatly attenuated in order that the first IF amplifier 
is not overloaded. Remember, too, that IF current 
must circulate in the input circuit, So choose input 
bypass capacitors appropriately; sometimes a low- 
inductance RF/LO bypass capacitor is placed in 
parallel with the larger IF bypass capacitor. 

A complete circuit design example for a tran- 
sistor mixer is presented at the end of this chapter 
in Appendix 7A. 





(2) 


RF 
antenna 





Converter 


FIGURE 7-8 M)rxer circuits. 
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Mixing Modulated Signals 


When a modulated signal is up- or down-converted 
in a properly designed mixer, the output will con- 
tain the same modulation as at the input. 

For example, suppose a carrier f, is ampli- 
tude-modulated by a sinusoid of frequency f,,. The 
time-domain and frequency spectrum for this AM 
signal are sketched in Figure 7—9 as the input to a 
mixer. The (ideal) LO spectrum is also sketched 
with f, => f,. This is high-side injection. 

You can sketch the mixer output spectrum by 
computing the sum and difference frequencies be- 
tween the LO and each of the RF spectral com- 
ponents. Assigning numerical values to fr, f,, and 
f, will make this easy, and if you want to portray 
accurate amplitudes, make the amplitudes of each 
sum and difference output component one-half 
that of the RF input spectrum. The results for the 
IF spectrum are shown at the filter output. Please 
notice that the time sketch has the same AM index 


RF 
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and envelope rate (f,,) and shape. Only the average 
frequency (f-) and amplitudes (2) are different 
from the RF input. The one-half amplitude (—6 dB) 
is ideal for a second-order mixer nonlinearity; ac- 
tual mixer efficiencies will vary. 


1-3 


TUNING THE STANDARD 
BROADCAST RECEIVER 


When a receiver is to be used for receiving more 
than one channel (station), either the RF amplifier 
and LO are tunable, or the LO is fixed and the RF 
amplifier is broadband enough to handle all of the 
channels while the mixer output feeds separate IFs. 
Very often the receivers for satellite transponders* 


*This automatic receiver/transmitter system has 
transmitter and receiver always on (though at different fre- 
quencies) for continuous relay of earth-station information. 





in 


FIGURE 7-9 Down-conversion of AM signal (high-side LO injection to mixer). 
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and terrestrial microwave repeaters are the broad- 
band RF types with separate IFs for each channel. 

Standard broadcast receivers for AM, FM, 
and television have a relatively narrow but tunable 
RF input (perhaps with an RF amplifier). The LO 
frequency and RF amplifier/filter are simultaneously 
tuned, using a single control, to receive a given sta- 
tion. Figure 7—10 is the schematic of a simple but 
representative AM superheterodyne receiver avail- 
able in kit form from Graymark Incorporated. The 
dashed line associated with C, indicates that the 
tuning capacitors are mechanically ganged on one 
shaft for simultaneous tuning of the RF input and 
local oscillator. This mechanization is clever 
enough, but exact tuning of both circuits for all sta- 
tions does not occur. That is, the separate circuits 
do not track correctly. the RF resonant frequency 
and the LO frequency to produce exactly 455 kHz. 
This difficulty is inherent to wide-range superhet- 
erodyne systems. The problem is that, while the RF 
is being tuned from 540 to 1600 kHz (3:1 range), 
the LO must tune from 995 to 2055 kHz (2:1 fre- 
quency range). 

Since the narrowest possible IF bandwidth to 
pass the AM is desirable for best S/N, a compro- 
mise front-end alignment scheme is used in order 
to avoid sideband (therefore audio) distortion. One 
procedure used for receiver alignment is as follows 
(refer to Figure 7—10): 


1. Disable the LO with a short to ground from 
the negative lead of C4. 


2. AC-couple a very low-level 455-kKHz signal to 
the base of Q, and tune 7, through 7,* for a 
maximum level at the output of 7,. This aligns 
the narrowband IF amplifiers (use a sweep 
generator if available). 

Alternatively, AM the input generator and 
tune for the maximum at the detector output. 
Keep the output as low as possible by reduc- 





*The heavy vertical dashed line with an arrowhead in 
the transformer circuit symbol indicates a variable induc- 
tance. Tuning is accomplished by virtue of a threaded ferrite 
core which can be raised and lowered with respect to the 
coil windings. 


‘ing the signal generator power to avoid 
saturation. 


3. Remove the LO short; set the signal genera- 
tor to 540 kHz and the radio tuning dial (C;) 
to the low end of its range. Tune 7, for 995 
kHz using a counter, or maximize the receiver 
output at 7, or the detector output (with 
AM). 

4. Set the generator to 1600 kHz and C;, to the 
high end of its range. Since C, will have a 
minimum capacitance, the RF and LO trim- 
mers C,, and Cig can be tuned for fig = 
2055 kHz and maximum receiver output. 
Keep the signal generator power low to avoid 
saturation. 
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FILTER REQUIREMENTS FOR 
INTERFERENCE CONTROL AND 
SELECTIVITY 








Chapter 5 included a discussion of receiver selec- 
tivity and RF interference (RFI), including adjacent 
channel interference. Here, a technique Is given for 
defining the required filter specifications: What is 
the required attenuation shape factor? How many 
resonators (poles) must be used? What is the min- 
imum Q for the resonators? What will be the pass- 
band insertion loss and ripple? These questions 
must be answered in order to specify an appropri- 
ate filter. Fortunately, filter selectivity/shape curves 
are available for those who do not have access to 
a computer or the time required to solve the poly- 
nomials which describe multipole filter response. 

Common AM and FM receivers do not in- 
clude a separate filter at the mixer output. How- 
ever, as you probably have already experienced, 
common AM receivers are notorious for interfer- 
ence from other stations. 

Interference is less noticeable in FM systems 
because of the guard band between stations, the 
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FIGURE 7-10 AM superheterodyne receiver. 
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inherent line-of-sight reception, and FM's superior 
interference suppression using IF limiters and a 
high modulation-index. Receivers for television 
have had a very complex IF alignment procedure; 
the better receivers now incorporate surface 
acoustic wave (SAW) filters. 

Specialized high-performance receivers such 
as those designed for satellite and terrestrial micro- 
wave links use broadband (low Q), noncritical-tun- 
ing IF amplifiers preceded by a multipole bandpass 
filter. A single-pole filter has one resonant circuit; 
a 2-pole filter has two resonant circuits coupled 
together; and so forth. Some of the terminology 
and jargon used with filters is illustrated in Figure 
7—11 for a 3-pole Chebyshev filter. Bandpass filter 
response is more commonly plotted as the inverse 
of that in Figure 7—11. However, this illustrative 
plot corresponds to the selectivity curves used in 
the filter requirement analysis. 

Constant-k filter design includes the Che- 
byshev and Butterworth responses. The Che- 


EXAMPLE 7-2 
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byshev response |s defined as an equal-passband- 
ripple response; the smooth response of the But- 
terworth filter is defined as maximally-flat (O dB- 
ripple). The Chebyshev filter has faster stop-band 
roll-off (steep-skirt selectivity) than the Butterworth 
but poorer group delay characteristics. Group delay 
causes phase distortion of wideband signals such 
as pulses.* Another class of filters, including Gaus- 
sian and Bessel designs, should be used if group 
delay is a prime system factor. 

The procedure for determining filter require- 
ments is best illustrated by a working example. 
This rather straightforward approach utilizes the 
curves of Appendix 7A (at the end of this chapter), 
Figure 7-12 (the 4-pole constant-k response), and 
Figure 7—14 (for insertion loss per pole). 


*Chapter 13 gives more on pulse distortion in PCM 
systems and MODEM design. Chapter 3 includes a basic 
discussion of phase distortion. 


A receiver with a 10-MHz IF must reject an adjacent channel signal which is 
625 kHz away from center frequency. The following bandwidth filter require- 
ments are specified: center frequency 10 MHz, 3 dB bandwidth 500 kHz, 
selectivity (out-of-band attenuation) 40 dB at 10.625 MHz, pass-band ripple 


<= 0.5 dB, and 1-dB insertion loss. Determine: 


Number of poles (resonant circuits) required. 


Amount of ripple with chosen filter. 
Minimum Q per resonator, Orin: 
Insertion Loss (IL). 


How many poles would be required in order to produce a Butterworth 


response with the required selectivity ? 


Solution: 


1. The attenuation shape factor (SF) is defined by 
SF = BW,4e/BWes 
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FIGURE 7-11 
filter attenuation 
Characteristic. The region 
from BW sqg tO BWyag IS 
often referred to as the 
transition band. 


Bandpass 


FIGURE 7-12  Aelative 
attenuation for a 4-pole 
filter network (constant-k). 
(Howard W. Sams & Co. 
Editorial Staff. 1TT 
Reference Data for Radio 
Engineers. Indianapolis, 
1975. Reproduced with 
permission of the publisher.) 
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FILTER REQUIREMENTS FOR INTERFERENCE CONTROL AND SELECTIVITY 


for the curves we are using. This is the trickiest part of the entire pro- 
cedure: make a sketch like that of Figure 7-13 to visualize what the 
bandwidths will be. SF = 625 kHz/250 kHz = (2 X 625 kHz)/ 
500 kHz = 2.5. We want to use a minimum number of poles for econ- 
omy and insertion loss. Also, you will appreciate the minimum-pole ap- 
proach when tuning the filter. 





10.625 MHz 


FIGURE 7-13 Bandpass filter response. 


Go to the selectivity curves in Appendix B (at the back of the book). The 
horizontal axis is SF, and the vertical axis is attenuation (V/V). Note 
that, for all filters, the family of curves intersects SF = 1 at 3 dB. The 
first family of curves for a 2-pole network (double-tuned circuit) shows 
that, for SF = 2.5, the best we can do is 21 dB of attenuation at 10.625 
MHz (the intersection of 2.5 and 40 dB must be below the curve). So 
try the 3-pole, and finally the 4-pole curves. Now we can refer to Figure 
7—12. Curve number 4 won't quite do, but curves 5, 6, and 7 will. An- 
swer: 4-poles. 

Now check the inset. Curve shape number 5 will have a pass-band ripple 
(bumps in the response) of 0.3-dB magnitude. Since this is within spec- 
ifications, we continue with the 4-pole Chebyshev filter realization; oth- 
erwise we would have to use 5 poles. 


The last column of the inset gives g,,, = 5.4. This will allow us to 
compute the minimum Q required for the circuit components, 
Cain == Amin Q, (7-7) 


where Q, = f,/BW4sug is the loaded-Q of the filter. Therefore, Quin = 
5.4(10 MHz/0.5 MHz) = 108. This is easily attained with high-Q to- 
roids or air-core inductors (capacitors are usually much higher Q). 


Insertion loss is the minimum power loss experienced by the signals we 
want to pass through the filter. Figure 7-14 gives the loss per pole. If 
the resonators used have just enough unioaded Q (Q,) to achieve the 
filter requirement, then Q,/O, = 20/108 = 0.185. The transmission 
loss curve gives 1.8 dB/pole, so IL = 4 X 1.8 dB = 7.2 GB. This is 
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out-of-spec (does not meet specifications). IL = 1 dB requires a loss/ 
pole of 0.25 dB. Figure 7-14 shows that Q,/Q, = 0.082 is required. 
Hence we must use resonators with O, = 625. 


5. The Butterworth response has O dB ripple. This is curve number 1 of 
each of the figures of Appendix B. A 4-pole Butterworth filter will only 
attain 32 dB of selectivity. In order to achieve the required 40 dB atten- 
uation at SF = 2.5, we must use a 6-pole filter with Q,/pole of 910 to 
meet the IL = 1 dB specification. 
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FIGURE 7-14 = /nsertion loss per pole for filter with loaded Q, = f,/BW., using 
resonators of unloaded-Q = Q,,. 


IF AMPLIFIERS 


The matching networks in chapter 6 are seen 
to be filters. The w-network for example can be 
considered the low-pass prototype from which 
bandpass filters such as those of Figure 7/—15 are 
evolved by the addition of parallel and perhaps se- 
ries resonating components. 

Most of those involved in the technology of 
radios discover that their greatest challenges are in 
bandpass filter design and optimization. The sub- 
ject of bandpass design, including active filters, 
cannot be done justice in a textbook intended to 
cover communications. However, the relationships 
are given for the popular (because of its simplicity) 
top-coupled, 2-pole bandpass filter of Figure /— 
15A. For more complicated structures, including 
the m-derived end sections for solving the big 
problem presented to input and output circuits by 
the radical impedance variations at frequencies 
near the 3 dB cut-off points, consult a filter de- 
signer’s or a radio designer's reference book. 


eo =iG, 


id 


B. 


FIGURE 7-15 Bandpass filter configurations. 
A. Top-coupled two-pole. B. Five-pole. 
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IF AMPLIFIERS 


One of the most popular integrated circuits used in 
receivers is the CA3028A. (See Figure 7—16 for its 
data sheet.) This device is shown in Figure 7-8 as 
a mixer. The RF inputs to the differential amplifier 
section and the LO switches the diff-amp on and 
off to produce the nonlinearity for mixing. / 

In Figure 7-17, the CA3028A is shown as an 
IF amplifier (or RF amplifier to 120 MHz) with au- 
tomatic gain control. With the IF input at pin 2 and 
the output taken from pin 6, the CA3O28A is used 
as a cascode amplifier (pin 5 is at ac ground). The 
cascode connection is discussed in chapter 1 (Fig- 
ure 1-13). When the voltage on pin 1 is equal to 
the AGC reference voltage on pin 5, Q, and Q, 
carry equal currents and the amplifier has high 
gain. If the AGC voltage on pin 1 Is increased, Q, 
current decreases and the IF gain is reduced. 

The IF amplifier for the receiver in Figure /— 
10 includes Q3, Q,, and the output of Q,. Trans- 
former-coupling is used with the base bias; Q, (in- 
cluding R) is typical. The advantages of entering 
the base bias at the cold end (ac ground) of the 
transformer secondary are to avoid IF power dis- 
Sipation in the bias resistors and to avoid the lower- 
input impedance due to bias resistor shunting. The 
0.02-uF bypass capacitor C, provides the ac 
ground. For high frequency IFs, special attention 
must be given to the physical layout of Cz and C; 
because the IF input current passes through these 
two bypass capacitors. 

The dashed line around the transformers in- 
dicate that these are specially designed tuned cir- 
cuits in RFl-tight groundable metal packages for 
narrow bandwidth IF applications. They are called 
IF cans. As shown in the 1968 specification sheet 
of Figure 7—18, this unit includes a 125-pF capac- 
itor, and the arrow between primary and secondary 
indicates that tuning is attained by tuning-tool (a 
nonmetallic screwdriver) adjustment of the ferrite 
core. The purpose of the primary winding tap is to 
increase the effective Q of the collector circuit in 
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FIGURE 7-16 (Continued) 
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V,.=+12V 


FIGURE 7-17 Cascode 2 


IF amplifier with automatic 
gain control. 


the narrow-band IF of the standard broadcast 
receiver. 

For instance, suppose the tap is not used. 
The equivalent circuit is, of course, Oy = Rr/X_, 
and the bandwidth is BW = f,/Q,,. If the power 
supply line (ac ground) is connected to tap point 2 
instead of 1, the resulting equivalent circuit is that 
of Figure 7-19B. Here, L, + L, = L, so the circuit 
is resonant at the same frequency. However, since 


EXAMPLE 7-3 
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IF output 


0.5 K 


lL oc N*, where N is the number of turns for the 
inductor, 


X,, = n°x, (7-8) 


where rn is the turns-ratio defined by the tap point, 
n = n/(n, +. 1n,). Ignoring finite inductor Q, the 
effective tapped circuit Q is Q; = A,;/X, = 
R-Nn7X) = 0,/n*. Since n <= 1, QO; > Cy of 
the untapped transformer. 


In the circuit of Figure 7-19, R; = 2.5k and X, = 500 Q. Determine the 
effective O of the circuit with point 1 (only) connected to ground, and com- 
pare it to the Q with point 2 (only) connected to ground. The tap point is V3 
of the inductor turns from the bottom. 


Solution: 


Ow = 2500/6500 = 5. X%, = n’°x, = (500 = 555 Q. OQ, = 
2500/55.5 = 45. The QO has been increased by 1/n* = 9 times. The band- 
width is 9 of the untapped value. 
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FIGURE 7-—%*8 Specification sheet for IF transformers. 
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Tap one-third 
from bottom 








FIGURE 7-19 Tapping a coil for higher Q. A. Tap 
not used. B. Ground at tap point. 


If the secondary of the tapped transformer is 
loaded with A, as it is in the receiver application 
(Figure 7—10), then the total resistance A;, which 
is proportional to base-emitter voltage gain, is 


i; = r|| (nol ng)?R, (7-9) 


The dynamic collector impedance is r,, and 13 
gives the number of secondary turns. Also, OQ. = 
R,/X_,, where X_, is the same as equation /—8. 

The last problem to resolve before studying 
AGC circuits is how to determine the load imped- 
ance that the AM detector presents to the final IF 
amplifier. 

Figure 7-20 illustrates the equivalent circuit 
of the simple AM peak detector. Diode D, Is a 
high-frequency signal diode, usually germanium for 
low-voltage drop and constructed for low capaci- 
tance. C is the RF bypass and modulation-smooth- 
ing capacitor. Ry, is the equivalent dc-path resis- 
tance in the detector output to ground. If we 
assume an ideal diode (Cz = Rp = V, (junction 
drop) = O) and an ideal RC time-constant, then 


Z, = R,,/2 (7-10) 
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1 
Vo k 


AH 
3 





FIGURE 20 AM peak detector. 


The simplest way to show the validity of 
equation 7-10 is to equate the detector input 
and output power. Assume that the CW carrier 
is the only input. Then the input power is 


P, = V:,/(2Z,), where the 2 comes from squaring 


Ving = Viy/ \/2 for a sinusoid. Because the diode 
and RC time-constant are both perfect, the output 
voltage is purely dc with magnitude V, = Vj,. 
since no power Is lost in the diode, all the input ac 
power must be dissipated in Ay. Hence, P, = 
Vil Rg, and Vi,/(2Z,,) = Vi,/Ry. This result shows 
that Z, = R,,/2, Q.E.D.* Equation 7-10 is used 
to determine the transformer turns-ratio for imped- 
ance-matching the IF output to the AM detector. 


7-0 
AGC CIRCUITS 


The section on AGC in chapter 5 introduced the 
need for automatic gain control in receivers where 
linearity is required before the demodulator. The 
voltage waveforms were shown at various points 
in the AGC system in Figure 5-23. The same sys- 
tem is shown in our prototype AM receiver in Fig- 
ure /—10 where the detector diode is reversed. 
The controlled amplifier is an NPN transistor so 
that, as the AGC voltage increases (more negative 
voltages), the Q; bias current decreases. When the 
IF amplifier gain is controlled by a reduction of cur- 


* Quod erat demonstrandum, ‘“‘which was to be 
demonstrated. ”’ 


AGC CIRCUITS 


rent, the system is known as reverse-AGC. Re- 
verse-AGC is used in satellite and space transpon- 
ders or battery-operated receivers where minimum 
power consumption is important. Otherwise, In 
ground stations and home broadcast systems (AM, 
FM, and TV), forward-AGC is used. 

With forward-AGC the amplifier bias point ts 
set at /-, as shown in Figure 7—21. As the received 
signal strength increases, the AGC voltage in- 
creases. The fedback AGC voltage increases the 
already high transistor bias current (/, — 10 to 20 
mA) so that the base region is flooded with current 
thereby spoiling the transistor current gain 8. For- 
ward-AGC has the advantage of increasing the am- 
plifier power-handling capability as gain is reduced, 
in order to maintain the best overload characteris- 
tic on strong signals when it is most needed. 


Gain 





Collector 
bias 
Ip p If current 
FIGURE 7-21 Transistor gain versus bias current. 


Bias points for forwara- and reverse-AGC. 


Figure 7-22 shows an example of a circuit 
arrangement which would have to operate as for- 
ward-AGC. Do not mistake this circuit for a good 
design—it is merely straightforward to analyze. 
With no input signal the detector diode will be re- 
verse-biased due to the positive voltage established 
by the A,-R, voltage divider. These two resistors, 
along with A, set QO, for high gain with collector 
current in the range of /, in Figure 7-21. As the 
positive peaks of the received signal at the detec- 
tor increase, the base bias voltage on Q, increases. 
Hence, the bias must be set near /- for the gain to 
be reduced for increasing input signal. 
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Assume that the A,-R, voltage divider sets 
the bias point and AGC line to A, V,,/(R, + A) = 
V, (= Vgec). Not only does this establish the Q, 
base bias voltage, but it also sets AGC threshold. 
This is because the IF input to the detector must 
reach V, + V, on peaks in order for the diode to 
start conducting and the AGC voltage to begin ris- 
ing. Vz is the diode cut-in voltage drop, which we 
can assume to be approximately O.2 V for germa- 
nium diodes. If V, is already established by the 
choice of A;, Ay, and V,,, then the detector input 
power required for the onset of AGC (threshold) 
must be 


Vil 22 in 
(VY, + O.20/R,, 


P., (threshold) (7-11) 


R,, is the de resistance from the diode cathode to 
ground which, for this circuit Is 


Rig = R + (R,|| Rol | Bro.) (7412) 
where Rig, Is the dc input resistance of Q,, ap- 
proximated by (8 + 1)A3. 

AGC of a transistor is a very nonlinear func- 
tion. For reverse-AGC the reduction in base voltage 
reduces emitter current and therefore voltage gain 
due to the increase in r,. This is approximately lin- 
ear until Vs. goes below about 0.55 volts. How- 
ever, IF amplifiers are designed to amplify the input 
power. At the same time that voltage gain is re- 
duced due to current-starving of the transistor, the 
current gain is also decreasing—this is in Itself a 
nonlinear function. Forward AGC relies on spoiling 
the 8 by flooding the transistor base region with 
current. Therefore putting a value on AGC thresh- 
old is mostly empirical, which often includes a po- 
tentiometer in the circuit. The discussion on re- 
ceiver sensitivity in chapter 5 showed that a 10-V 
peak carrier signal at the detector was a good 
place for the AGC system to hold the gain when a 
90-percent AM signal is to be demodulated. This 
was: based on a minimum of O.2V for the AM 
envelope. 

For the purpose of analyzing an AGC circuit 
in this section, we will ignore the modulation lin- 
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Detector 
Input 
signal S 
“TL 
FIGURE 7-22 AGC network. 
earity criteria and determine from circuit values the In order. However, since the previous discussion 
power level at which AGC action begins; this level was on forward-AGC, the example problem will 
is referred to as AGC threshold. concentrate on the reverse-AGC system of our 
At this point, a working example problem is prototype AM receiver. 


EXAMPLE 7-4 


Analyze the circuit of Figure 7—23 for the following: 


1. Determine /p. 


+9 V 


2.6 V (Bias) 


10 uF 


aids ga 


> 0, , CA-3028 
ee 
Ve 
oh 





FIGURE 7-23 AGC circuit for analysis. 


2. Determine V; (assume Vz. = 0.6 V), J, and 6 for the transistor. 
3. Is the AGC system forward- or reverse-AGC ? 


4. If the total power gain from IF input to detector input is 46 dB, determine 
the IF input signal power (in dBm) required for AGC threshold. Assume 
the IF input impedance is equal to Z,, of the detector. 


5. If P, to the detector is 2 mW total for an AM signal with m = O49, 
determine: (a) The carrier power P., (b) V. (peak value of carrier), (c) 
Vide), (d) v, (peak). (e) Sketch v, including the peak voltage at V,,., and 
V,,,. (f) Determine the value of C tf modulation is 5 KHz max. 


Solution: 


1. 4b, = (9 — 2.6 VI/60 k = 0.107 mA. Ly, = (2.6 — 0.2 V/j27k = 
0.089 mA. The difference is /, = 0.018 mA. 

2. Ve =26V—O6V = 2V./, = 2V/1.2k = 1.67mA.8 + 1 = 
1.67/0.018 = 92.6, therefore B * 92. 

3. The detector diode in this circuit is initially biased on with 89 uA of 
current due to the bias circuit for the IF amplifier. Notice the direction 
of the detector diode—this is a reverse-AGC system; that is, the signals 
of increasing signal strength will be rectified and tend to pull V, negative. 
This in turn diverts current away from Q, so that the gain is reduced, 
thereby keeping the detector input approximately constant. 


4. For the sake of analysis, let’s assume that O.2 volts peak is required to 
initiate AGC action. Then we need only to determine the detector imped- 
ance to compute the power. A,, = 5 k||[27 k + 60 k||A,(Q,)]. R,(Q,) 
= 92.6(1.2 k) = 111k, therefore Ry, = 4.7k. Py = (0.2 V pk)?/4.7 k 
= 8.5 wpW(—21 dBm). With 46 dB of gain ahead of the detector, the 
IF input power need only be P,, = —21dBm — 46 dB = —67 dBm. 


5. This is a more appropriate condition for setting the receiver threshold 
for reasonable demodulator linearity. (a) From chapter 5, P, = P,/(1 + 


m?/2) = 1.42 mW. (b) V, = V2P.Z, = V(1.42 mW)(4.7 k) = 
2.58 V pk. (c) Vv = —(V, — 0.2 V) = —2.38 V average. (d) V, 


(max) = —[(V. + V,) — 02 V] = —[VA1 + m — 02 V] = 
—[258 Vi1 + 09) — 0.2 V] = —4.70 V pk. (e) V,(min) = 
— (V, — V,) = —0.058 V pk. The results of these calculations are 


sketched in Figure 7-24. (f) Also from chapter_5, an appropriate value 
of detector smoothing capacitance is C = V(1/m)*? — 1/(2% X 5 kHz 


xX 4.7 kQ) = 0.0033 uF. 





FIGURE 7-24 AM detector output. 
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THE AUDIO SYSTEM 


To complete the AM receiver circuit analysis and 
design, let's analyze the audio system of our pro- 
totype receiver (Figure 7-10). The system consists 
of three amplifier stages with various forms of 
feedback. 

The first stage receives its signal from a 5-kQ 
volume (loudness) control potentiometer. The am- 
plifier is a Class A common-emitter preamplifier 
with bias stabilization and signal feedback. There 
are two completely different forms of negative 
feedback within this amplifier and feedback comes 
from the audio system output back to the emitter 
of QO;. Since feedback is extremely important in 
communications systems, these circuits will be 
analyzed in the next section on distortion and neg- 
ative feedback. 

The second stage is a Class A grounded- 
emitter driver amplifier for the output stage. The 
output stage is a Class AB (almost B) complemen- 
tary push-pull power amplifier. There are essen- 
tially two forms of feedback within these two am- 
plifiers. The 47-uF capacitor at the output provides 
bootstrapping, and bias stability (with a small 
amount of signal feedback) is provided by the 12- 
k resistor from output to the base of Q,. (The boot- 
strapping technique is described in the next sec- 
tion.) The bias stability technique is virtually identi- 
cal to that provided by the 560-k resistor, from 
collector to base of Q;, except that both the driver 
and power amplifier are stabilized. 

Before the Class B power amplifier is ana- 
lyzed, you may want to review power and effi- 
ciency presented with a transformer-coupled Class 
A power amplifier design example in Appendix 7B. 
Inclusion of the Class A power amplifier will also 
provide design examples for all three amplifier clas- 
sifications, since Class C was analyzed for trans- 
mitters in chapter 6. 


Class B Push-Pull 


A simplified version of our prototype receiver audio 
PA and driver is shown in Figure /—25. 
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FIGURE 7-25 Complementary push-pull PA/driver. 


Resistor Az is the collector resistor for the 
common-emitter driver amplifier with Q,. Diodes 
D, and D, are always biased ‘‘on’’ (they do not 
rectify) and are used to produce a nearly constant 
voltage drop from the base of Q, to Q;. The diode 
ac impedance is very low. Diodes, unlike resistors, 
also help in tracking out Vs- changes with temper- 
ature. The A, resistors are often left out of power 
amplifiers but are included here to make the anal- 
ysis simpler. 

If two power supplies or batteries are used, 
the capacitor is not required. This has a definite 
advantage because the value of C is large to min- 
imize frequency and phase distortion at low fre- 
quencies (‘tilt’’ or “‘sag’’ in squarewave tests). 


However, for a single power supply the capacitor 


is required to hold the charge, which supplies cur- 
rent for the negative half of the output signal 
swing. This is explained as follows: With no input 
signal the capacitor is charged to approximately 
Vion = V,,/2, while Q, and Q; are biased slightly 
‘on’ due to D, and D, (this is called Class AB or 
‘almost B’’). When the collector of Q, is rising due 
to ac signal, Q, is conducting heavily and the in- 
creased voltage drop across A;, has the effect of 
almost cutting off Q,. Load current for this positive 
half of the v, signal swing comes from V,,. via Q,. 
For the negative half of the output voltage swing, 
Q, is nearly cutoff and Q; conducts heavily. The 
current for this half of the v, signal swing Is sup- 
plied by charge stored in C. The capacitance must 
be very large in order to store enough charge so 


THE AUDIO SYSTEM 


that V,,. in effect replaces a —V,, power supply, 


which would be placed from the collector of Q3_ 


(and emitter of Q,) to ground in a dual-supply 
system. 
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The transformerless Class B push-pull power 
amplifier is analyzed in Example 7-5. From this we 
will see the reason for the bootstrapping in the pro- 
totype receiver audio output. 


EXAMPLE 7-5 


Analyze the Class AB (almost B) transformerless push-pull amplifier of Figure 
7-25 with V,, = 9V, Re = 1kQ, RA, = 20, and R, = 8 (). Assume that 
the silicon diodes drop 0.615 V and the transistors have Vg. = 0.60 V, 
V.Asat) = O, and 8 = 200. 

Determine the following: 


1. 


2. 
of 
4. 


Dc bias voltages and currents at all points, assuming V, is set at the 
optimum bias point. Find Ag, to set V, for the optimum bias. 


Ideal v,, /,, and power to the load F,. 
Efficiency for part 2 (also the theoretical efficiency for Class B). 
Corrected v, and P,; the need for bootstrapping. 


Solution: 


14 


V,, (to ground) should be set at about /2V,, = 4.5 V so that the output 
can have the maximum swing before peak clipping. Because of circuit 
symmetry the bias voltage between the diodes will equal V,, conse- 
quently Vz, = 5.115 V. (Vz, is the voltage from the base of Q, to 
ground. The other bias voltages follow this notation.) Ve, = 4.5 — 
0.615 = 3.885 V = V,3. Vez = 3.885 + 0.60 = 4.485 V, and 
Veo = 5.115 — 0.60 = 4.515 V. Veo = OV, Va = OV, and V5; 
= 0.60 V. V, = O on bias (and is the average output voltage). Vi = 
V, — V, = 4.5 Volts de. 

The voltage across 2R; is Veo — Vez = 4.515 — 4.485 = 0.03 V, 
therefore leon = Ico3 = 0.03 V/4Q = 7.5 MA. leo = Ip = (OV — 
5.115 V)//1k = 3.9 mA. jz, = 3.9 mMA/B = 19.5 pA, therefore Ags 
= (9 — 0.60)/19.5 wA = 431 kQ. 

Ideally when Q, conducts at the maximum with V¢e(sat) = O, then Ve» 
= 9 V pk. As we will see, this is impossible with such a low-imepdance 
load. Anyway, assuming V,-, can reach 9 V on positive peaks, then KVL 
will yield V,, — Vee(sat) — Voy = ilideal) X (Re + R,). Hence, i,tideal) 
= 45 V pk/10 Q = 450 mA peak, and v, = 450 MA X 8 = 
3.6 V pk ideally. The power delivered to the load for a full sinewave 
signal will be P, = (0.45/\/2)(3.6 V/\/2) = 810 mW ideally. 
Transistor Q, conducts only during the positive half of the output sinus- 
oid. Therefore the current /-. approximates a half-rectified sinusoid with 
an average value of i,,/a. Hence, the battery supplies 450 mA/r = 
143.2 mA and a voltage of 9 V. 
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Pro = Veg X iglpk)/4 (7-13) 


for Class B, Py, = 1.29 Watts, so that the efficiency is 7 = 
810 mW/1.29 W = 62.8%. 

The theoretical efficiency is found for the above conditions and no 
R.. Then v,(pk) = V,,/2 and i,(pk) = V,./2R,. The theoretical efficiency 
will be 


n = P/P,, = | valpk)/ V2 X i(pk)/V2]/( (Veo X igltok)/a) 
= (V2./8R,)/(V2,/20R,) = 78.5%. 


4. In part 3, |, was determined to be 450 mA peak. In order for Q, to 
conduct this much current from the battery, the base current would have 
to be jz, = 450 mA/8 = 2.25 mA peak. This has to come through A, 
as the current in Q, reaches a minimum. However, because Az IS SO 
large, the highest that V,, can actually rise when jp = 2.25 mA is 9 V 
— (2.25 mA X 1k) = 6.75 V pk. As a result Q, cannot reach satu- 
ration, and indeed the maximum value that /, can reach is 

V2 — VY 


i,{max) = RO +R +R, (7-14) 


This is determined by assuming that /,, —> O on the positive signal peak, 
and writing KVL through A,, Q,, and the output circuit as V,. — ipRe 
= Vio Ae thy V2, | Ooh BS 1. 

Using equation 7-14, the maximum output current for this exam- 
ple problem will be (max) = 260 mA pk. Then v,(max) = 260 mA 
xX 8Q = 2.08 V pk, and P, = (2.08 V pk)*/(2 KX 8Q) = 270 mw. 
Clearly, we need to reduce the ac voltage drop across Fe. 

The solution is called bootstrapping. In Figure 7-26 (with FR, re- 
moved to reduce the voltage loss across it), the signal swing v, at the 
base of Q, is approximately the same in magnitude and phase as at the 





FIGURE 7-26 Bootstrap feedback through C,, 
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output because Q, (and Q,) is an emitter-follower configuration. The 
voltage coupled back to the opposite end of Az is also v,, which means 
that the ac voltage drop across Rg Is approximately zero. This means 
that the (positive!) feedback provided by the bootstrap capacitor C, lifts 
the base of Q, up “by its own bootstraps.’’ The bootstrapping technique 
allows for a relatively large R, for the dc voltage drop to give appropriate 
bias voltages while the ac voltage loss is low. 
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DISTORTION AND FEEDBACK 


As described in the last section, the prototype AM 
receiver audio system has three forms of negative 
feedback plus bootstrapping, which is positive (in- 
phase) feedback. Each of the three specific exam- 
ples will be discussed. However, first consider the 


A. Voltage-sampled shunt- feedback. 





Z;,=2Z,/T and La, = Eql! 
where 7 = 1+ (loop gain) 


C. Current-sampled shunt- feedback 





four general categories ivr identifying negative- 
feedback systems. 

It is very important to be able to identify and 
understand the four forms of feedback because 
each circuit arrangement produces very different 
results. Figure 7-27 shows in block-diagram form 
the various circuit arrangements and the effect on 
input and output impedance. 


B. Voltage-sampled series- feedback. 





Z,,= ZT and Z,,=2,/T 


D. Current-sampled series feedback. 


FIGURE 7-27 The four 
feedback arrangements. 
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Notice from Figure 7-27 A and B that when 
the output voltage is sampled, the output imped- 
ance Is reduced. This is because the effect of the 
negative feedback is to hold constant that param- 
eter which is sampled. As you will recall, a con- 
stant voltage generator is a low-impedance device. 
On the other hand, the output current is sampled 
in C and D, and a constant-current generator is a 
high-impedance device. 

As for the input impedance, shunt feedback 
will lower the input impedance while a series feed- 
back arrangement will increase the impedance. 

In all cases, negative (180° out-of-phase) 
feedback reduces distortion, phase-shifts, and volt- 
age. or current variations and it increases circuit 
bandwidth. 

The most common method of reducing cir- 
Cult-induced distortion is to use negative feedback 
around the circuit; that is, by taking some of the 
distorted output and feeding it back 180° out-of- 
phase, the original distortion can be reduced. The 
improvement is not due to the reduced gain. The 
input can be increased until full output power is 
restored, and the distortion will be reduced by an 
amount given by the improvement factor T where 


T = 1 + (loop gain) (7-15) 


The loop gain for Figure 7-28 is A,B. The 
feedback factor B is by definition the fraction of 
the output signal which is fed back to the input. 
Distortion of amount D, which occurs inside the 
integrated circuit (IC) of gain Ay, appears at the 
amplifier output as D,, the distortion with feed- 
back. A fraction B of the output signal is fed back 
to the inverting amplifier input. The feedback signal 
of magnitude BD, is amplified in the inverting am- 
plifier by —Ay so that —A,BD, is fed back to re- 
duce the original distortion D. Thus the distortion 
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FIGURE 7-28 Distortion D in amplifier. The 
distortion measured at the output is D,. 


seen at the output (with feedback) is 


D, = D — A,DB, (7-16) 
Solving 7-16 for D, yields 
D, = =: (7-17) 
"(1 + A,B) 


Equation 7—17 shows that the distortion that oc- 
curred in the IC is effectively reduced by 1 + (loop 
gain). 

One way of demonstrating the improvement 
factor is by analyzing a familiar amplifier by the 
usual techniques and comparing the results to that 
obtained by using the feedback approach. An ex- 
ample is the first-stage amplifier of the prototype 
receiver audio system. Example 7-6 will show 
that, by inserting a resistor from emitter to ground 
in a common-emitter amplifier producing negative 
feedback, a reduction in gain will occur which is 
described by 


Ne (7-18) 
4“ 1+ A,B 


and an increase of input impedance described by 


Z, = Z(1 + A,B) 





EXAMPLE 7-6 Current-Sampled/Series-Feedback 


Figure 7—29A is a common-emitter amplifier with no feedback resistor Fe, 
whereas /—29B includes feedback due to the 10-Q emitter resistor. 


1. Analyze both circuits for gain and input impedance by the usual circuit 


technique. 
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6 =99 
(current gain) 





FIGURE 7-29 A. Amplifier without feedback. B. Amplifier with feedback. 


2. Analyze circuit B by the feedback technique and compare the results to 
part 1. 


3. Determine the output impedance. 
Solution. 


Since the transistor can affect the results, the exact relationships are written. 
When B/(8 + 1) = 0.99 occurs, the value 1 is used. 


1. (a) No feedback. Ay = —BIR.AB + 1)r.]  —Ae/r, = —195 = 
195 with phase inversion. Z, = (6 + 1)r, = 100 X 20 = 
2 kQ. 


(b) Ay = —BIRMB + 1)Mr, + Re)] & — 3.9k/30= — 130 (lower 
with feedback). Z, = (8 + 1\r, + Re) = 100 X 30 = 3 kX 
(high because of series feedback). 

2. The output is taken from the collector. The output current develops a 
feedback signal v;, which is in series with the input signal current. Hence, 
the feedback arrangement is current-sampled/series-feedback (Figure 
7—27D). The feedback factor for a given circuit can be obscure; how- 
ever, its definition again is “that fraction of the output signal which Is 
fed back to the input.’ So B = V;,/V, = ip Re/i, Ro = WB + 1)/BIRe/ 
R. & Re/Re = 10/3.9 k = 0.0026. Therefore 


Ay, = Ay/(1 + AyB) = —195/(1 + 195 X 0.0026) = —130 


and 
oo ZA(1 + AyB) = 2k (1 +05) = 3kQ. 


3. For Figure 7-29A (with no feedback) the output impedance Is 
3.9k||r,. Because feedback with current sampling at the output tends to 
hold the output current constant, output impedance increases to 
Z,, = ZA1 + AyB) = 3.9k || (1.5)r,. 
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Voltage-Sampled/Shunt-Feedback 


The first stage of the prototype audio system (Fig- 
ure 7-10) has bias stabilization and some signal 
feedback due to the collector-to-base feedback re- 
sistor Re = 560 k{2. The bias stability is achieved 
because a bias voltage shift at the collector will be 
fed back by voltage division between the 560 k and 
dc input impedance of Q; which is A,(Q,) = 
(8 + 1)r, + 10 Q). The ac signal feedback takes 
the same path with the same output-voltage-sam- 
pled/shunt-feedback technique. One difference be- 
tween the ac and the dc analyses, however, is that 
the ac feedback current through the 560 k splits 
between the 5-k potentiometer and a much higher 
transistor A. The ac input impedance is higher 
than R,(Q;) given above because of the series 
feedback of signal from the speaker to the emitter 
of Q;—around the entire audio system. 

Figure 7—30 illustrates, in a more recogniz- 
able inverting op-amp form, the amplifier with volt- 
age-sampled/shunt-feedback. R, is that part of the 
O-k potentiometer between the wiper and ground 
of Figure 7-10. In any case the IC gain is A, = 
130 for dc variations (from example 7—6), and the 
input impedance is f,, = 3 k for dc variations. ac 
gain is less than 130 because of the input imped- 
ance of the next amplifier; however, A,, for the IC 
is much higher than 3 k because of feedback from 
the speaker. Since Ay is high R- >> A, and Rs < 
R,, then B = V,,/v, © i-R,/i-Re = R,/R-, where 
R, = R,, for the de stabilization and R, = R,|| F,, 
for ac. The feedback improvement factor is 


T= 1+ A,(R,/R;) (7-19)* 


Notice that for the ideal high-gain /C (Ay B > 1), 
the ac gain with feedback reduces to approxi- 
mately Ay = —A,/AyB = —1/B = —R,/R,, 
which you recognize for the ideal inverting op-amp. 





*An exact analysis (see Appendix C) is based on gain 
and feedback characterized as conductances for this trans- 
conductance amplifier. The exact result is T = 1 + 
[AVR-R/(R- + Re NRe + R,)], which reduces to equation 
7-19 for the impedance assumptions already stated and 
R- > R,. 
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from speaker 


FIGURE 7-30 Op-amp configuration for inverting 
transconductance amplifier. 


Voltage-Sampled/Series-Feedback 


To analyze the overall audio system with feedback 
for the reduction of distortion, refer to the simpli- 
fied sketch of Figure 7—31.This is the audio system 
of the prototype AM receiver of Figure 7—10 
where FR and v, vary with the 5-k potentiometer, 
R, is an 8-Q speaker, and the choice of a value for 
Fe takes into account the effects of loading from 
the driver input impedance and the feedback from 
a 470-k resistor (not shown). 

First check the feedback phase—is it nega- 
tive or positive feedback? If the input signal v, rises, 
the collector voltage will drop. The driver/PA sys- 
tem is an inverting amplifier, so that v, will rise. So, 
if the feedback resistor were connected back to 
the base, the result would be in-phase or regener- 
ative feedback. By feeding back to the emitter, the 
rising voltage v;, will tend to reduce the forward 
bias of the transistor, thereby reducing the voltage 
variations at the collector (and v,). This is negative 
feedback and in fact is voltage-sampled/series- 
feedback. 

The loop gain is determined as follows: 


Ay = Ave (7-20) 
where Ay, = 35 as shown in Figure 7-31, and 
(7-21) 


(7-22) 


Ay, = —ReMr, + Re) 
and R. = A,|| Re 
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reflects the loading effect of the feedback hetwork SO 
The feedback factor is the voltage division given by T=1+A,B 
B= y,,/v, = R/(Re + Re) (7-23) = 1+ [A,AvyAe/MRe + R,)] 
1.3mA | m 
Ro 2 5982 oe PA 
B= 99 ie 
V, - Rp Yo 
R, 22k 7 iy 
& | — * Speaker FIGURE 7-31 Audio 


system with voltage- 
= = = sampled/series-feedback. 


EXAMPLE 7-7 Voltage-Sampled/Series-Feedback 


Determine the following for the audio system of Figure 7-31 with Rs = 2 k: 


1. Ay,. 

2. Z,,, assuming Z, = 5 Q (impedance looking into the output and the 
driver/PA). 

Se 


i 


4. Power to the speaker if v; = 20 mV pk. 


Solution: 


1. AL= 10\\1k = 990.7, = 26/13 = 209. Ay, = —598/(20 + 
9.9) = 20*. A, = 20 X 35 = 700 (56.9 dB). T = 1 + [(20 X 35) 
X (10/1010)] = 1 + [(700)(0.0099)] = 7.93 (18 dB). Ay, = (20 X 
35)/7.93 = 88.3 (38.9 dB).This solution is also computed from 56.9 
dB of forward gain reduced by 18 dB of feedback, so Ay, (dB) = 56.9 
dB — 18 dB = 38.9 cB. 

2. 5 Q/7.93 = 0.63 Q. This is certainly low enough for driving an 8-Q 
speaker. 


*The gain is decreased and the input impedance is increased for this stage due to 
local feedback—a current-sampled/series-feedback amplifier. 
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(7-24) - 
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Z, = (8 + 1\Mr, + Re) = 100 X 29.9 = 2.99 kQ*. For the audio 
system with series-feedback, Z, = ZT = 299k X 7.93 = 
23.7 kQ. 

Now that the system input impedance is Known, we can determine the 
signal loss at the input due to voltage division. v, = [Z,/(Z;, + Rs)] Vs. 
Therefore, the input loss is v,/v, = 23.7/(23.7 + 2k) = 0.92, (—O.7 
dB). v, = 0.92 X 88.3v, = (81.220 mV) = 1.6 V pk, and the av- 
erage power to the 8-Q speaker will be P, = (1.6 V pk)*/(2 X 8Q) = 
165 mW. 


*The gain is decreased and the input impedance is increased for this stage due to 


local feedback—a current-sampled/series-feedback amplifier. 





Frequency Effects and Stability with 
Feedback 


In the discussion thus far we have found that the 
use of negative feedback offers many improve- 
ments over a system without feedback (open— 
loop). All of the assets, however, do not come 
without potential hazards of which we should be 
aware. 

For example, feedback is used in power am- 
olifiers to reduce distortion. Figure 7-32 shows a 
distorted signal and the inverted feedback signal. 
180° of phase between the original and fed back 
signals allows optimum reduction of distortion. 
However, suppose the feedback is not 180°, as 
illustrated in Figure 7-33; the distortion will not be 
reduced effectively. If the phase-shift is great 
enough, the distortion will be worse than without 





FIGURE 7-32 Feedback ca 
180° for good distortion = 
reduction. 






feedback. Even worse, the marginally stable sys- 
tem with its underdamped behavior can become 
unstable and oscillate. Either way the system be- 
comes at least useless, possibly destructive. 

How does the extra phase-shift occur? The 
feedback system of Figure 7-34 shows the input 
and output capacitances of the amplifying device. 
A multistage IC or amplifier will possess many of 
the RC time-constant delays indicated. Each RC 
time-constant will produce a signal delay (phase- 
shift) in addition to the amplitude reduction. The 
sinusoidal input-output relationship (transfer func- 
tion) for the R,C, voltage-divider network is derived 
as follows: 


= 
Il 


(v,)I—JXe, MR, — JX, )] 


= vi(1/j2mrfC,)/(R, + 1/j2rfC,)] 


Feedback signal 


W . ul aT 3 
predistorted 
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Phase delay 


FIGURE 7-33 Additional phase delay will reduce 
feedback effectiveness. 


Therefore v,/v, = 1/(1 + /2afRC) (7—25A) 


Wl se je 


or (7—25B) 


where f, = 1/2mRC. The magnitude reduction 
with frequency is calculated as 


|v./vs| = 1/1? + (2afRC)? (7-26) 


100 dB f, Open-loop 
gain 
<—6 dB/octave 







Voltage gain (dB) 


1k 50k 500k |1M 


Open-loop 
| rt. phase shift 


Phase shift (degrees) 
a 
Ww 
oO 
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FIGURE 7-34  /nternal phase-shifting impedances. 


and the phase delay is found from 


@ = —tan | (2rfRC) = —tan”' f/f, (7-27) 


For multistage, multi-RC-network amplifiers, 
the phase shifts for each of the corner frequencies 
are added together. Figure /7—35 illustrates the 
magnitude and phase-response curves versus fre- 
quency for the open-loop amplifier AMf). Ay{f) is 
the ideal frequency-response Bode plot for the sys- 
tem with feedback, and f.o Is the frequency at 
which the loop gain equals O dB. Frequency foo is 
called the loop crossover frequency. 


\\\<——18 dB/octave 


Frequency (Hz) 
(log scale) 


FIGURE 7-35 System 
frequency response. 
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The phase shift for the system with three RC 
time-constants (Figure 7-35) can be determined at 
any frequency f by adding up the contributions for 
each of the three corner frequencies f,, f, and fy. 
If the low-frequency phase inversion of the ampli- 
fier is not included, then the additional phase shift 
at the crossover frequency f., Is determined as 


Olfog) = — (tan! feo /f, 4+ tan™' fool 


+ tan”! foo / ts) (7-28) 


Phase shifts other than the 180° of the in- 
verting amplifier can result in stability problems. 
The simple expression for system gain with nega- 
tive feedback is Ay, = Ay/(1 + BA,). If we as- 
sume that all phase shifts are internal to the IC, B 
remains constant with frequency. Our concern is 
with the denominator of this expression, because 
if BA, = —1, then Ay, = Ay/(1 — 1) goes to 
infinity; this is the unstable condition that results in 
oscillations. 

The loop gain changes with frequency be- 
cause of the amplifier roll-off A,(f). Loop gain 
BA,\f) = —1 means that the magnitude | BAy| 
= 1 and the phase shift around the loop has 
changed a full 180°; that is, loop gain has magni- 
tude and phase BA, = |BA,|/@. For the system 
to be stable, |BA,| must be less than unity (O dB) 
before @ reaches 180°. The critical frequency to 
investigate Is f,, because this is by definition where 
| BAy\fog)| = 1. Beyond this frequency loop gain 
is insufficient to sustain oscillations even if @ ex- 
ceeds 180°; the system will be unstable and have 
sustained oscillations if @(f&9) = 180° as calcu- 
lated by equation 7-28. The phase response of the 
Bode plot (Figure 7-35) can also be used to de- 
termine the phase shift at foo. 

Another graphical technique is the polar plot 
of BA,\f), called a Nyquist plot. This is illustrated 
in Figure 7-36 and is a plot of |BA,|/@ as the 
system input signal frequency is changed from f = 
O to infinity. Notice that the solid curve includes 
the point BAy = —1,(|BA,| = 1 /@ = 180°). 
This system will be unstable and exhibit self-sus- 
tained oscillations. The dashed curve, on the other 
hand, is for the same system except with lower 
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loop gain. Since the point — 1 is never inside this 
curve, this feedback system will be stable; that is, 
it will not exhibit sustained oscillations. 


210° 





FIGURE 7-36 Nyquist plot. 


However, undesirable results will occur if the 
dashed curve comes too close to point — 1. In this 
case 90° < (fo) < 180° and the system will 
be marginally stable. Tne marginally stable system 
will exhibit regenerative peaking in the Bode plot 
near the natural resonant frequency of the system, 
and it will exhibit overshoot and ringing for sudden 
input signal changes, such as impulses and squar- 
ewaves or other voltage steps. Such a system is 
second-order (or higher) like an LC resonant circuit 
and underdamped. 

Phase margin (P.M.) is the maximum amount 
by which the total loop phase shift could be in- 
creased before the onset of sustained oscillations. 
For amplifiers with feedback 


P.M. = 180° — |dlfoo)| (7-29) 


For more on marginally stable second-order sys- 
tems see Figures 10-27 and 10-30 with the as- 
sociated discussion. These curves include the 
amount of ringing and Bode plot peaking for var- 
ious values of phase margin. For P.M. = O, the 
system is unstable and will exhibit oscillations. 
Phase margin can be increased and the sys- 
tem stability improved by either reducing the loop 
gain (turning down the amplifier gain) or moving 
one or more of the corners higher in frequency 
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(smaller RC). IC manufacturers sometimes include 
an internal capacitor from collector to base of a 
high-gain amplifier stage (30 pF in the wA741 or 
LM101), providing what is called narrowband and 
dominant-pole compensation. The RC time con- 
stant Is so large, due to the Miller-effect capaci- 
tance increase for the collector-base capacitor, 
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that the IC acts like it has only one (dominant) cor- 
ner frequency (pole). For many applications this un- 
necessarily narrows the amplifier bandwidth, so 
most ICs have frequency compensation pins to 
give the circuit designer both gain and damping. 
Compensation techniques such as /ag and lead-lag 
compensation are discussed in chapter 10. 


EXAMPLE 7-8 


Figure 7-35 shows the open-loop Bode plot for an integrated circuit with 
three major corner frequencies. The IC gain at low frequencies is A,(dB) = 
100 dB (A, = 10°), and the corner frequencies are f, = 1 kHz, £ = 50 
KHz, and f, = 1 MHz. Determine the system phase margin and stability for 
the following: 


1. 7/4 dB of negative feedback. 
2. 34 dB of feedback. 


Solution: 


1. With 74 dB of feedback the system gain with feedback will be A, dB) 
= 100 dB — 74 dB = 26 GB. This is also called the closed-loop 
system gain. The long dashed line of Figure 7-35 shows the ideal 
closed-loop frequency response assuming the loop is stable. The point 
of intersection of this line with A,(f) is the crossover frequency, foo = 
000 kHz. The phase margin is investigated at this frequency because, 
for any frequency less than fg. there is a positive loop gain. The phase 


_ _, 500k _, 500k 
margin is PM. = 180° — ({tan”-’ — + tan’ — 
1k 5Ok 
_, 500k | 
tan” —————) = 180°— (89.9° + 84.3° + 26.6°) = —20.7°. Since 
1000k 


P.M. = O, the system will oscillate. 


2. A,\dB) = 100 dB — 34 dB = 66 GB. fg = 50 kHz. Let's see if 
lowering the loop gain has helped the stability. P.M. = 180° — (tan7' 


50k 50k 
) = 180" — 168.9" ++ 45" --- 29°) 


aa ae | a + tan” '—— 

1k 5Ok 1000k 

= 180° — 136.8° = 43.2°. The system with 34 dB of feedback is 
stable. (Figure 10-27 shows that the damping factor of a second-order 
system would be slightly less than 0.5, and there would be slightly more 
that 15 percent overshoot— 1.15 on the normalized vertical axis. Figure 
10-30 shows that the frequency response for a second-order system 
with 6 = 0.5 (P.M. = 45°) will have very little rise. The peak occurs 
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at approximately 0.55w,, where w, = 27f, is the natural undamped 


frequency of oscillation). 


The closed-loop frequency response A,, for our third-order system 
will look almost identical to the short-dashed line from 66 dB across to 
Av(f) at fog and then following the open-loop response, because there 
is no more loop gain (and no feedback) for input signals with frequencies 


greater than foo 


Please notice also from the closed-loop Bode plot of Figure 7-35 
how the bandwidth of the stable system has increased to approximately 
f-¢ from the open-loop bandwidth of f,. 





Problems 


Give two numerical reasons for making the 
first amplifier in a receiver low-noise and 
high-gain. 

List two important measures for the limits of 
linearity in receiver circuits. 


. For the amplifier measurements plotted in 


Figure 7-4, determine (a) the amount of lost 
gain at O dBm input due to saturation, (b) the 
third-order distortion for —23-dB input (the 
difference, in dB, between linear and third- 
order output power), and (c) amplifier gain 
for O-dBm input. 

Expand cv® for v = COS @of + COS Wert 
to show the third-order intermodulation 
products. 

The germanium diode of mixer 1 in Figure 7— 
8(1) is measured to have Vidc) = 0.2 V. 
What value of self-bias resistor would allow 
200 MA? 

Repeat the mixer design example of Appen- 
dix 7A for an FM receiver (IF = 10.7 MHz) 
to receive 100 MHz. The antenna impedance 
is 300 Q, L, = 20 wH, BW = 500 kHz, and 
let the LO be for low-side injection. Also, the 
maximum IF power output will be 6 mW. 
The schematic is in Figure 7—A 1. 


ee 


8. 


9. 


The dual-gate FET mixer of Figure 7-8 has 

an AGC voltage of +7V. Determine 

a. The bias voltage at both gates. 

b. The value of L in order to use a 10- 
oF(max) variable capacitor at mid-capac- 
ity if the stray and FET drain capaci- 
tances total 3-pF. (IF = 45 MHz for TV 
application.) 

c. How much bias voltage is measured from 
source for /, = 2-mA and from the 
drain? 

d. How much bias power is dissipated by 
the FET for part c? 


The resistors in a CA3028 are given in Figure 

7-16. For the circuit of Figure 7-8 (4) 

a. determine the bias voltages at all pins 
shown. 

b. Assuming high-@ transistors, what will 
be the collector bias current in each 
transistor ? 


The converter of Figure 7—8(6) has R, = 32 k, 

R, = 6k, and a germanium transistor (Vp, 

= 0.18 V). Determine: 

a. A, to set /- = 0.8 mA for a portable AM 
receiver (V,, = +9 V). 

b. Lif C, = 125 pF. 
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c. L, for tuning the oscillator to 2 MHz with 
30 pF (what frequency will be received ?). 


d. What value of reactance will C, have at 


the LO frequency ? 
e. The reactance of L, at 455 kHz? 


10. An imaginary filter response is shown in Fig- 


11. 


ure /-37. Determine: 

a. The attenuation at 2 MHz. 
b. Pass-band frequencies. 

c. Stop-band frequencies 
stopbands). 

3-dB bandwidth. 

Loaded Q of the network. 
60 dB bandwidth. 

60 dB/3 dB shape factor. 
The amount of ripple. 

The response looks like that of a 
-pole, (low-pass or bandpass or band- 
stop), (Butterworth or Chebyshev or m- 
derived) filter. 


(sketch the 


-3JTQ50 2 





A high-selectivity AM receiver has a 455-kHz 
IF with a 10-kHz, 3-dB bandwidth require- 
ment. Interference at 427.5 kHz coming 
through the mixer and RF amplifier must be 
reduced by 48 dB. Determine the required 
filter specifications for a Chebyshev and a 
Butterworth design: 

a. Minimum number of poles. 

b. Expected ripple if any. 


(MHz) 


Frequency 


12. 


14. 
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FIGURE 7-37 


c. Minimum Q per pole for the resonators. 
d. Midband insertion loss if Q,,,,/pole is 
used. 


A 2.11-GHz, 28.6 MHz bandwidth satellite 
receiver must reject an adjacent channel 
transmitter by 60 dB. Carriers are 36MHz 
apart. The filter pass-band ripple must not 
exceed O.5 dB, and the insertion loss shall 
not exceed 4.4 dB. A cavity filter with Q, = 
1000 is to be used. 

a. How many poles are required? 

b. What will be the actual ripple? 

c. What will be the insertion loss? 


. The effective Q of an IF amplifier must be 


increased by tapping into the primary with 
the collector lead. Sketch the circuit and 
show the turns-ratio that will achieve a 5:1 
improvement. 


The IF/AGC system of Figure 7-38 is pre- 

ceded by 14 aB of gain. 

a. How much power P, is delivered to the 
detector (mod. index = 0)? 

b. What is the antenna received signal 
strength in dBm? 

c. Determine v, and Vagc, assuming ideal fil- 
tering by the large detector capacitor. 

d. Sketch v, for modulation index of 0.5 and 
f,, = 1 kHz (sine). 
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16. 


17. 
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FIGURE 7-38 = 


For Figure 7-22, what type is the AGC (for- 
ward or reverse) if Q, is changed to PNP and 
V,. reversed in polarity? Explain. 


The Class A power amp of Appendix Figure 
7B-1 has V,, = 15V,R =0,R, = 4, 
r, = 13 Q, and a transistor with 6 = 100, 
V,-. = 0.7 V, and dissipation (derated) of 
1 Watt. 

Draw the power dissipation curve. 

Draw accurately the de and ac load lines. 
Calculate the optimum collector load. 
Calculate the turns-ratio. 

Calcualte the maximum load power and 
efficiency (not ideal). 

Calculate the load power and efficiency 
for a 9-V pk collector swing. 

The push-pull class AB power amp of Figure 
7-25 has V,, = 12V,R = 30, FR = 
265 Q, R, = 10 Q, and Q, has a 1-2 emit- 
ter-resistor to ground. The diodes have V, = 
0.70 V, and the transistors: 8 = 100, Vege 
= 0.65, V.,(sat) = 0.3 V. If the bias voltage 
across C is 6 V, 

a. Determine all bias voltages and currents 
b. If Q, could be driven hard enough to sat 
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3 V pk — pk 


| 0.2V 


ta 
Py 






urate, determine /(sat),, V (Sat), Plat 
sat), the power supplied by the battery 
and the output circuit efficiency. 


Refer to Figure 7-39. All ICs are ideal. Both 

transistors have B = 250, r, ~ O. 

a. Show that the system is connected for 
negative feedback; start with a + at the 
base of Q,. 

b. Determine the mid-frequency gains of 
each stage and the total gain (no 
feedback). 

c. Calculate the closed-loop system gain. 

d. Calculate the system input and output 
impedances. 

In Figure 7-39, 

a. identify the different types of feedback 
for each amplifier and for the overall 
system. 

b. Calculate the time constants associated 
with C,, C,, and C,. 

c. Sketch the open-loop Bode 
Vif /ViF ) assuming A, = 80 aB. 

A system with negative feedback has the 

open-loop gain response of Figure 7-40. 

Determine the phase margin, stability, 


plot 


[ZT 
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closed-loop system gain (at 10 kHz) and 
bandwidth, if stable (ignoring regenera- 
tive peaking), for the following amounts 
of feedback (1 + AyB)(dB): 

14 GB. 

19 GB. 

24 AaB. 

34 dB. 








Appendix 7A: Mixer Circuit Design 
Example 


Problem: 


Design an active mixer using a BUT (8 = 50, Co, 


1 pF, Cge = 30 pF) to deliver a maximum of 


10 mW to a 50-() load (collector efficiency = 
50%). Assume foe = 1.6 MHz and f, = 455 kHz. 
L, = 0.25 mH (infinite Q,,). The IF bandwidth must 
be 20 kHz with no additional components added 
to the schematic of Figure 7A—1. 


1. 


2. 





Determine all values for the As and Cs 
shown. 


Determine the turns-ratio for 7, to match the 
transistor input resistance to 50 Q, and 7, 
turns-ratio to achieve the required bandwidth. 
Determine the LO signal voltage dropped 
across Q, (Vge). Is this enough to drive the 
transistor nonlinear? Why? 


Solution: 
1. 


DC design: Following the amplifier design 
procedure of chapter 1,P, = 10 mW, 7, = 
5O percent, therefore P, = 10 mW/0.5 = 
20 mW. For Vz = 10% V,., |, = 20 mW/ 
(12—1.2 V) = 1.85 mA and AR, = 1.2 V/1.85 
mA = 648 Q. Vz; = 1.8 V, and if 4, = 10 
I, = 0.37 mA, then RA, = 4.9 k. Also A, = 
(12 — 1.8)/0.41 mA = 25 kQ. 
AC aesign: fio = 1.6 + 0.455 = 2.055 
MHz, therefore C, = 1/(247 X 2.055 X 10° 
x 2kQ) = 39 pF. X,, = (Vio)(R,|| Ry | Ro) 
= 61, therefore C, = 1/(2m X 455 kHz 
xX 61) = 5600 pF. 

We need to know r, = 26/1.85 = 
14 Q and A,(Q,) = (8 + 1)r, = 717 Q. (We 
will use these values despite the fact that Q, 


FIGURE 7A-1 Active mixer. 
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will be operating nonlinearly.) X,, = (Y10)(r,|| 
R;) = 1.4Q, therefore C; = C, = 0.25 uF 
will provide good ac bypassing. Finally, C, = 
1/[(27455kHz)*(0.25 mH)] = 488 pF vari- 
able or 420 pF fixed, in parallel with 
a 100 pF variable. 


T,, 50 Q is to match R,(Q,) = 717 Q, there 
fore n,/n, = V50/717 = 0.263; that is, 
the secondary has 3.8 times more turns than 
the primary. 

Tx, The only loading is Ri. Since X, = 
715 Q and Oy = 455 k/20 k = 22.75, then 
Ri = 715 X 22.75 = 163k and n,/n, = 


V 16.3 k/50 = 18:1. 


For 5 mW in 2.5 kQ, Vio = V2PR =5 Vy. 
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(a) If C,, of Q, is ignored, the base circuit to 
ground is 717 || A,(Q,) = 359 Q and the volt- 
age division with C, will yield vz = (359 X 
5V,,)/(359 — j2k) = 882 mV pk. This Is 
more than enough LO to drive Q, nonlinear. 
(b) If C,(Q,) is not ignored, C, = Cge + 
(JA,| + 1)C,,. Actually there is little if any 
gain at 2.055 MHz because the output is 
tuned to 455 kHz, and C, = 488 pF provides 
a low impedance. Even Cz, is unpredictable 
because of the nonlinearity, but let's use C,, 
= Coe = 31 pF for which X, = 2.5 k. Then 
Z, = 369||/2.5k = 355 Q/—7° and vy, = 
874 mV pk. Since the emitter is well-by- 
passed at the LO frequency, the 0.87 V-pk is 
directly across the base-emitter junction, and 


50 mV is about the limit of reasonable linearity. 
Actually the LO power, or C,, should be 
a 717-Q resistance from base-to-ground to reduced because a maximum of O.1 V-pk is 
produce the approximate equivalent ac enough to drive Q, from high gain to almost 
circuit. cut-off. 


Since 7, matches the input generator imped- 
ance to 717 Q, we can remove 7, and place 


Appendix 7B: Class A Power Amplitier 


Design Example 


Class A power amplifiers (PAs) have the advantage 
of low distortion over Class B and C amplifiers. 
However, Class A is rarely used for high-power 
output amplifiers because of its relatively poor ef- 
ficiency. The theoretical efficiencies of 78.5 and 50 
percent for Class B versus Class A (transformer- 
coupled) does not tell the whole story, however. 

The power rating of the transistors (there 
must be two of them) for Class B operation need 
only be rated at 40 percent of the desired amplifier 
output power. This is in contrast to transformer- 
‘coupled Class A, which requires the transistor rat- 
ing to be twice (200 percent) the desired amplifier 
output power. In other words, 1-Watt transistors 
can deliver 500 mW to a load in Class A, whereas 
in Class B 2.5 Watts can be delivered. 


Problem: 


A power transistor is derated for operation at room 
temperature with P,(max) = 3 Watts. Its 8 = 50 
and Ve = 0.7 V (high-current). For convenience, 
assume V.-(sat) = O. The transformer to be used 
has power losses equivalent to ar, = 3 Q primary 
winding resistance. Referring to the Class A audio 
PA of Figure 7/B—1: 


1. Sketch the power dissipation curve P>. 

2. Using V- = 10 percent of V,, and optimum 
Class A operation as criteria, determine the 
quiescent collector bias current /¢o. 

3. Determine R, and Fz. 

4. Sketch the dc and ac load lines on the sketch 
of question 1. 

5. Determine the transformer turns-ratio and its 
circuit efficiency. 

6. Determine maximum load power P, and cir- 
cult efficiency 7. 

7. Determine P, and n for a 10-V peak collector 
SWING. 





Veco = +15 V 





FIGURE 7B-1 Class A audio power amplifier. 


Solution: 


1. Po = Veele = 3 Watts. Pick a few values of 
Voge and calculate the corresponding /,. The 
results are shown in Figure 7B-2, and a few 
values are 333 mA at 9 V, 250 mA at 12 V, 
200 mA at 15 V, and 167 mA at 18 V. 


/¢(mA) % DC load line Py =3W=/oVee 


50 co 2 VeEea 
0 ;. Voge 
0 3 6 9 12f 15 18 21 24 # 27%Volts) 
Yn = 12.8 Y 25.6 


FIGURE 7B-2_ Voltage/current relationships in a 
Class A power amplifier. 
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2. Voc = Polly. Vee t+ IeRte = Voc = Vee + 


(I-r, + 0.1V,,). Substituting for Vee at the Q- 
point, (Ps/led heel cr 0.1 Veg = Veg~ Mul 
tiply both sides by /gg and collect V,, terms: 
r. 12g — (0.9 Voelleag + Po = O. Solving this 
by the quadradic equation and taking the 
lower intersection point yields 


len = (09 V,./2r) — ViG.OV,." — 45P./2r, 
(7B-1) 
- The result is -.g = 234 mA. 


Re = Velleg = O.1Veelleg = 1.5 V/234 mA 
= 640. R, = (V, — Valle /B) = 2.9 
kQ. 


de: This is a plot of KVL; Vig — Ich — Vee 
— |.R- = O. Choose a couple of values for 
Ve Within a few volts of V,, and calculate /, 
= Oat Ve = 15 V, and Veg = 12.8 V at 
log = 234 mA; they fall on the Pp Curve. 
ac: An optimum load for the transistor will 
produce maximum output power without 
overheating the transistor. This must be given 
by a straight line (linear load) passing through 
the Q-point (satisfying de-bias) and tangent to 
the P,(max) curve. It must not extend into the 
shaded region above the maximum dissipa- 
tion curve (see Figure 7B—2). Graphically and 
mathematically, the optimum ac load line has 
a value given by 


R- (opt) = Veg /Tea (7B-—2) 


That is, equation 7B—2 is the slope of the tan- 
gent to the P, curve at the Q-point. From this 
result, R, (optimum) = 54.6 Q. 


The transistor should see an ac _ load 
of 54.6 Q. The transformer already has 3 Q. 
Therefore the transformer must transform 
the 8-Q speaker impedance to AR, = 51.6 Q 


N = V51.6/8 = 2.54:1. 
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Now the transformer efficiency can be 
calculated. The signal power division at the 
transformer is proportional to the resistance 
ratio AUR, + rn) = (Re — 1,)/Re, so the 
transformer (abbreviated xfmr) efficiency in 
our application will be 


n, = 1—(r,/R,) (7B-3) 


n, = 1 — (3/54.6) = 94.5 percent, which 
is about right for a well-designed audio 
transformer. 


It is clear from the ac load line of Figure 7B— 
2 with Veco = 12.8 V that the maximum 
ideal collector voltage swing for this circuit 
will be 12.8 V pk. This ideal condition as- 
sumes that V,<(sat) = O. The actual peak 
collector swing will be reduced by the collec- 
tor-emitter saturation voltage V-(sat). 

The maximum signal power developed 
across the transformer will be PB, = 
(12.8 V pk/(2 XK 54.6 Q) = 1.5 Watts, 
which is 50 percent of P,(max). Since n, = 
94.5 percent (question 5), the load will 
receive 


P, = ae (7B-3) 


or 1.42 Watts. 

In Class A operation the battery supplies 
a constant average current of lg = 234 mA 
to the collector circuit, so that Py, = Voclca 
= 3.51 Watts. Some of this Is dissipated in 
r,, Rz3, and also as heat from the transistor. 
The remaining 1.5 Watts is delivered to Fy. 
P= 15 W — 142 W = 0.58 W and 
Pz, = 15V X 0.234 A = 0.351 W, so Pp 
= 3.51W — 1.5 W — 0.351 W = 1.66 
W. You see that with no ac input signal the 
transistor dissipates at its maximum 3 Watts 
rating, but for full drive conditions it runs 
much cooler because power is delivered to 
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the load. The output efficiency is 7 = P,/P, 
= 1.42 W/3.51W = 40.5 percent. In fact 
if the 70 mW of base-bias power is included, 
the total circuit efficiency is 39.7 percent. 
This will be the maximum efficiency for the 
circuit because when the signal level is re- 
duced, load power is reduced but the circuit 
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dissipations are virtually unchanged (P, is re- 
duced slightly). 

If the input signal drive is reduced so that the 
collector swing is only 10 V pk, then P, = 
n.P, = (0.945)(10 v)/’/(2 & 546) = 
866 mW, andy = P,/P, = 866 mW/3.51 
W = 24.7 percent. 





Introduction 


The amplitude-modulated signals discussed in 
chapter 5 have a frequency spectrum consisting of 
a full carrier and two sidebands (DSB-FC). One 
sideband is the mirror-image of the other, and 
either one may be removed without loss of infor- 
mation; however, removal of either one results in 
a 3-dB loss of information power that would re- 
duce the receiver output S/N by the same amount. 

Amplitude-modulated signals with most of 
one sideband removed are called vestigial sideband 
(VSB). If all of one sideband and the carrier are 
eliminated, the result is single-sideband/sup- 
pressed-carrier (SSB-SC). Another possibility is to 
remove only the carrier because the carrier re- 
quires most of the transmitted power, and infor- 


S- | 
VESTIGIAL SIDEBAND 


The 4.2-MHz video signal of commercial broadcast 
television is transmitted as a vestigial sideband 
(VSB) signal, designated ASC by the FCC and In- 
ternational Telecommunication Union. As_ illus- 
trated in Figure 8-1, the baseband video signal 
modulates the carrier in a regular double-sideband/ 







Video signal 


Amplitude 
modulator 


Carrier 
input 


FIGURE 8-1 
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mation for its recovery remains with the transmit- 
ted spectrum. When the carrier is suppressed and 
both sidebands remain, the result is double-side- 
band/suppressed-carrier (DSB-SC). 

In addition to these three AM techniques, this 
chapter will include a discussion of one of the most 
important uses of single-sideband on a large 
scale—the frequency division multiplex of tele- 
phone signals. The chapter will conclude with a 
scheme for multiplexing two information channels 
that has been used in color TV and stereo AM, and 
now forms the basis for the transmission of digital 
information. This scheme is called quadrature 
multiplexing. 


full-carrier (DSB-FC) modulator. Before power am- 
plification, this AM signal enters the vestigial side- 
band filter that eliminates most of the lower side- 
band. The reason for using VSB is to minimize the 
transmission spectrum (bandwidth) while maintain- 
ing an easily demodulated AM signal; the demo- 















Vestigial 
sideband 
filter 


Generation of vestigial sideband (VSB). 


DOUBLE-SIDEBAND/SUPPRESSED-CARRIER 


dulated low-frequency response of the recovered 
signal will also be improved. As will be discussed 
IN a section to follow, an AM transmission in which 
the carrier has been suppressed requires special 
coherent demodulation techniques. By transmitting 
the carrier along with modulated information, the 
simple (noncoherent) peak detector of chapter 5 
can be used in the receiver. 

Aside from having to use a specially designed 
vestigial sideband filter in the transmitter, the main 
disadvantage of VSB is that the receiver must 
compensate for the part of the sideband that was 
eliminated at the transmitter. 

As seen in Figure 8-2, both sidebands of 
video signals below 0.75 MHz are transmitted, but 
only one sideband of the video signals above 0.75 
MHz is transmitted. The low-frequency video 
power will be twice that of the high-frequency sig- 
nals. If no compensation is provided, the low fre- 
quencies will be overemphasized in the picture, and 
the fine details will be of relatively low contrast 
(washed out). This form of frequency distortion is 
compensated for in TV receiver IF amplifiers. 





f+ 4.2 MHz 


f. + 0.75 MHz 


f. — 0.75 MHz 


FIGURE 8-2 Television video spectrum. 


EXAMPLE 8-1 


Determine the power savings when the carrier is suppressed in a regular AM 
signal modulated to an index of 100 percent. 


Solution: 


P 
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Vestigial sideband compensation is accom- 
plished before the demodulation process by provid- 
ing IF filtering as illustrated in Figure 8-3. The fre- 
quency response of the IF amplifier is designed to 
roll off linearly between +0.75 MHz of the carrier 
so that the high video frequencies are emphasized 
in the IF. The demodulated video will come out 
with the same relative amplitudes as it had at the 
studio. 





—0.75 


+0.75 


FIGURE 8-3 VSB compensation filter response. 
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DOUBLE-SIDEBAND/SUPPRESSED- 
CARRIER 


The amplitude-modulation technique called double- 
sideband/suppressed-carrier (DSB-SC) has an im- 
portant advantage over regular AM (DSB-FC): the 
Carrier is Suppressed during the modulation pro- 
cess. As a result, most of the power in a regular 
AM transmission, which provides no information, 
is eliminated. 


= (1 + m’/2)P.. P, = P.m?/2. The power savings is (P, — 
1/(1 + m*/2) = 1/1.5 (667/3%) for DSB-SC transmission. 
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The power savings of example 8—1 has its 
price, however. As will be obvious by simple in- 
spection of the waveform of a DSB-SC signal, an 
AM rectifier cannot be used to demodulate DSB- 
SC. Demodulation can be achieved only if a locally 
generated carrier signal is introduced. It must not 
only have exactly the correct frequency (be fre- 
quency-coherent) but also have a phase very close 
to what the carrier would have if it had been trans- 
mitted; that is, DSB-SC demodulation must also be 
approximately phase-coherent. 

Were it not so difficult to demodulate, the ex- 
cellent power efficiency of DSB-SC would make it 
very attractive. As it is, double-sideband/sup- 
pressed-carrier aS a _ pure-signal transmission 
scheme is found in FM stereo and is also the basis 
for a digital-modulation system called binary phase- 
shift key (B-PSK); otherwise, it is mostly seen as 
the output of the balanced modulator used in the 
first step in producing single-sideband. 


8-3 
BALANCED MODULATOR 


The circuit used for producing a double-sideband/ 
Suppressed-carrier type of AM signal is shown in 
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Figure 8-4. This circuit is a double-balanced mixer 
in which the diode pairs D1-D2 and D3-D4 are 
alternately switched on and off by the high-fre- 
quency carrier signal v(t). The carrier signal could 
be a sinusoid or squarewave at frequency f,; either 
way, its amplitude is much larger than that of the 
information (modulation) signal m/(t). 

Figure 8—b shows how the carrier causes al- 
ternate reversals* of the polarity of the modulation 
Input signal. In part A the carrier is positive and 
diodes D1 and D2 become low-impedance de- 
vices for one-half of the RF cycle, while D3 and 
D4 are essentially open-circuited by reverse bias. 
In part B the modulation signal is coupled to the 
output with reverse polarity because the carrier 
signal has switched D3 and D4 “on” while re- 
verse-biasing D1 and D2. The output signal 
vt) is merely m(t) alternately multiplied by +1 
and —1 due to the carrier's switching of the 
diodes. | 


*As will be discussed in chapter 11 on digital modu- 
lation techniques, a double-balanced modulator is used to 
produce (and demodulate) binary PSK. The carrier input is 
to 71 of Figure 8—5, and digital data switches the diodes. 
The result is most accurately identified as phase-reversal 
modulation of the input carrier since the data switching pe- 
riod lasts for many carrier cycles. 





FIGURE 8-4 Balanced ring modulator. 


BALANCED MODULATOR 


+m/(t) +m/(t) 





The squarewave switching function can be 
written from Figure 3-4E with unity amplitude as 


VAt) = sin 2rf,t + (1/3) sin 2r(3f)t 
+ 4 + (1m sin Zante (@—1) 


where 1 and all previous harmonics are odd only. 

As noted, the circuit physically performs a 
function which is mathematically equivalent to mul- 
tiplication of time-varying signals v.(t) and the gen- 
eralized information signal m(t). Hence, the output 
IS 


mt) X vAt) = v,(t) 
= m(t) sin 27f,t 


+ ('/3)m(t) sin 2a(3 Ff) t 
+ higher odd harmonics (8-2) 


To illustrate that equation 8—2 indeed repre- 
sents a DSB-SC signal, let the modulation signal be 
a 2-volt pk audio tone of frequency £, = 5 kHz so 
that m(t) = Acos27f,,t = 2cos27(5 kHz)t volts. 
Also, let the carrier frequency be f, = 45 kHz. 
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FIGURE 8-5 Balanced 
modulator phase reversals. 


Substituting into equation 8-2 yields a modulated 
output signal of 


vt) = Acos 2rf,t sin 27rf,t 
+ (A/3) cos 2rf,,t sin 2n(3f)t + ++ > 
= 2 cos 2m(5 kHz)t sin 24(45 kHz) t 
+ (?/3) cos 2a(5 kHz)t sin 27(135 kHz) t 
+ oe 


By the use of the trigonometric identity cosAsinB 
= (Yo)sin(A — B) + (%)sin(A + 8B), v,(t) is seen 
to be 


(A/2) sin 2arl(f, — Ff,)t 


V(t) = 
+ (A/2) sin 2x(f, + £,)t 
+ {A/6) sin 2r(Bt, — £.}t 
+ (A/6) sin 27(3f, + f,)t + +: - 
(8-3) 
V(t) = sin 27(40 kHz) t 
+ sin 27(50 kHz)t 
+ (1/3) sin 27(130 kHz) t 
+ (1/3) sin 27(140 kHz)t + +: - (8-4) 
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| Figure 8-6 shows a sketch of equation 8-4 
in both time and frequency domains. If v,(t) is fil- 


tered so that only the first set of sidebands are 


transmitted, then the harmonics are missing and 
the result is shown in Figure 8—/. 

For a generalized (nondeterministic) input sig- 
nal such as music with a maximum audio fre- 
quency of f,(max), the input and output DSB-SC 
signals are shown in Figure 8-8. 

Balanced modulators for generating DSB-SC 
with excellent carrier suppression (>50O dB) are 
also available in integrated circuit technology. The 
1496/1596 IC can be used for carrier frequencies 
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FIGURE 8-6 Wideband 
DSB-SC signal. 


FIGURE 8-7 DSB-SC 
after filtering higher 
harmonics. 
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up to 100 MHz as a modulator or demodulator. 
Figure 8-9 shows some of the specification sheet, 
including DSB-SC waveforms and spectra. Also 
four-quadrant multipliers such as the 1494L/1594L 
IC will perform these and numerous other 
functions. 

Equation 8-3 and the spectra shown for 
DSB-SC justify the introductory comments that 
double-sideband suppressed-carrier signals contain 
no carrier. However, information about the carrier 
is certainly seen to exist in the transmitted 
spectrum. 


<=—] 
[|] wy, f(kHz) 


40 50 130 140 





T,, = 200 ps 





PRODUCT DETECTOR 


M(f) 


f, (max) 1 £, (max) 


A. 
v(t) 
t 
ee aap Pee 
i. f= 1/T, 
B. 


It must be clear from the oscilloscope (time- 
domain) sketches of Figures 8-6, 8-7, and 8-8 
that the peak detector discussed for demodulation 
of regular AM (DSB-FC) will not yield the correct 
result for DSB-SC. For instance, when the input is 
the sinusoidal tone-modulated DSB-SC signal of 
Figure 8—7, the output of a peak detector will be 
the “‘cusp’’ signal of Figure 8-10. This is certainly 
not a 5-kHz sinusoid. In fact, a spectral analysis of 
the waveform of Figure 8-10 will show that no 5- 
kHz component is present! The fundamental period 
of the Figure 8-8 waveform is 100 ws, so that the 
fundamental frequency is 10 kHz. This signal is de- 
scribed in Figure 3-4D with f, = 10 kHz. 


3-4 


PRODUCT DETECTOR 





A DSB-SC signal can be demodulated by reversing 
the modulation process; that is, the demodulator in 


f, (max) 
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FIGURE 8-8 _ Time and 
frequency spectra for (A) 
the modulation and (B) the 
DSB-SC. 


Figure 8-4 has its DSB-SC input at TZ, a coherent 
(equal frequency and phase) carrier-oscillator signal 
as shown, and the output taken from 71. Following 
Figure 8—5 from right to left, the demodulated out- 
put at 71 is then filtered to eliminate harmonics 
and noise above f,(max). 

Using a double-balanced mixer and a locally 
generated carrier signal to demodulate a sup- 
pressed carrier signal is commonly referred to as 
reinserting the carrier. The circuit is then referred 
to as a product detector because, as shown for the 
modulation process, multiplication is the mathe- 
matical description for what the circuit does. An- 
other perspective on this coherent demodulation 
process is to consider the product detector as a 
mixer and the “local oscillator’ as a ‘beat’ fre- 
quency oscillator (BFO) at f that beats the modu- 
lated signal down to an “IF’’ of O Hz. The filtered 
output is just the original baseband signal. This per- 
spective will be verified by several problems at the 
end of the chapter. 
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20912 © PHOENIX, ARIZONA 85036 





Specifications and Applications 
Information 






BALANCED 
MODULATOR -- DEMODULATOR 





SILICON MONOLITHIC 


BALANCED MODULATOR — DEMODULATOR INTEGRATED CIRCUIT 


. . . designed for use where the output voltage is a product of an 
input voltage (signal) and a switching function (carrier). Typical 
applications include suppressed carrier and amplitude modulation, 
synchronous detection, FM detection, phase detection, and chopper 
applications. See Motorola Application Note AN-531 for additional 
design information. 


®@ Excellent Carrier Suppression — 65 dB typ @ 0.5 MHz 
— 50 dB typ @ 10 MHz 

@ Adjustable Gain and Signal Handling 

® Balanced Inputs and Outputs 

® High Common-Mode Rejection — 85 dB typ 





G SUFFIX 
METAL PACKAGE 
CASE 603 





(Top View) 


L SUFFIX. 
CERAMIC PACKAGE 
CASE 632 









FIGURE 1 — 
SUPPRESSED-CARRIER 
OUTPUT WAVEFORM 








+ Signal Input 


P SUFFIX 
Gain Adjust NC PLASTIC PACKAGE 
Gain Adjust - Output CASE 646 
(MC1496 only) 


- Signal Input NC 
Bias - Carrier Input 
+ Output NC 


NC + Carrier Input 
(Top View) 






























FIGURE 2 — ORDERING INFORMATION 



















ee Device Temperature Range 
MC1496G O to +70°C Metal Can 
MC1496L O to +70°C Ceramic DIP 


MC1496P O to +70°C 
MC1596G -55 to +125°C 
MC1596L -55 to +125°C 


Plastic DIP 
Metal Can 
Ceramic DIP 









FIGURE 4 — AMPLITUDE-MODULATION SPECTRUM 










FIGURE 3 — 
AMPLITUDE-MODULATION 
OUTPUT WAVEFORM 






© MOTOROLA INC., 1982 DS 9132 R2 


FIGURE 8-9 _ Integrated circuit balanced modulator. 


- MC1496 @ MC1596 





MAXIMUM RATINGS*® (T, = +25°C unless otherwise noted) 












Applied Voltage 
(Vg - V7. Vg - V4. Vg - V7. Vg —- Vga. V7—- V4. V7 —- V1. 
Vg —- V4, Ve - Vg, V2—- V5, V37- Vs) 


Differential Input Signal 


Maximum Bias Current 


Thermal Resistance, Junction to Air 
Ceramic Dual In-Line Package 
Plastic Dual In-Line Package 
Metal Package 


Operating Temperature Range 
MC 1496 0 to +70 
MC 1596 -55 to +125 


Storage Temperature Range 


ELECTRICAL CHARACTERISTICS * (Vcc = +12 Vdc, VEE = -8.0 Vde, I5 = 1.0 mAdc, Ri = 3.9 kQ, Re = 1.0 k&, 
Ta = +25°C unless otherwise noted) (All input and output characteristics are single-ended unless otherwise noted.) 


MC 1596 MC 1496 
esracteritie «ida | New| 


Carrier Feedthrough 
Vc = 60 mV(rms) sine wave and fc = 1.0 kHz 
offset adjusted to zero f¢ = 10 MHz 






Vc = 300 mVp-p square wave: mV (rms) 
offset adjusted to zero 


offset not adjusted 


Carrier Suppression 
fg = 10 kHz, 300 mV(rms) 

fc = 500 kHz, 60 mV(rms) sine wave 

fc = 10 MHz, 60 mV(rms) sine wave 
































Transadmittance Bandwidth (Magnitude) (R__ = 50 ohms) 
Carrier Input Port, Vc = 60 mV(rms) sine wave 
fs = 1.0 kHz, 300 mV (rms) sine wave 
Signal Input Port, Vs = 300 mV(rms) sine wave 
IVcl = 0.5 Vde 











Signal Gain 
Vg = 100 mV(rms), f = 1.0 kHz; |Vcl = 0.5 Vde 






Single-Ended Input Impedance, Signal Port, f = 5.0 MHz 
Parallel Input Resistance 
Parallel Input Capacitance 







Tip 200 200 kQQ 
Cip 2.0 2.0 pF 


Single-Ended Output Impedance, f = 10 MHz 
Parallel Output Resistance 
Parallel Output Capacitance 


Input Bias Current 


Iq +lq I7 +1 
Ibs = —z— : Ipc = 3 












Input Offset Current 
Nios = 11-14; lioc = '7-'8 


Average Temperature Coefficient of Input Offset Current 
(Ta = -55°C to +125°C) 


Output Offset Current 7 uA 
(lg - 9) 

Average Temperature Coefficient of Output Offset Current 7 ITCigol nA/°C 
(Tp = -55°C to +125°C) 


Common-Mode Input Swing, Signal Port, fg = 1.0 kHz | = | Vp-p 





Common-Mode Gain, Signal Port, fs = 1.0 kHz, 
IVel = 0.5 Vde 


Common-Mode Quiescent Output Voltage (Pin 6 or Pin 9) rio} - | vo | - | 80] - | - | 


Differential Output Voltage Swing Capability 















Power Supply Current 
Ig t+ lg 

'40 

DC Power Dissipation 







# Pin number references pertain to this device when packaged in a metal can. To ascertain the corresponding pin numbers for plastic or 
ceramic packaged devices refer to the first page of this specification sheet. 


PA@TOROLA Semiconductor Products Inc. 


FIGURE 8-9 (Continued.) 
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MC1496 @ MC1596 





OPERATIONS INFORMATION 


The MC1596/MC1496, a monolithic balanced modulator cir- 
cuit, is shown in Figure 23. 

This circuit consists of an upper quad differential amplifier 
driven by a standard differential amplifier with dual current 
sources. The output collectors are cross-coupled so that full-wave 
balanced multiplication of the two input voltages occurs. That is, 
the output signal is a constant times the product of the two input 
signals. 

Mathematical analysis of linear ac signal multiplication indi- 
cates that the output spectrum will consist of only the sum and 
difference of the two input frequencies. Thus, the device may be 
used as a balanced modulator, doubly balanced mixer, product 
detector, frequency doubler, and other applications requiring 
these particular output signal characteristics. 

The lower differential amplifier has its emitters connected to 
the package pins so that an external emitter resistance may be 
used. Also, external load resistors are employed at the device 
Output. 


Signal Levels 


The upper quad differential amplifier may be operated either 
in a linear or a saturated mode. The lower differential amplifier 
is Operated in a linear mode for most applications. 

For low-level operation at both input ports, the output signal 
will contain sum and difference frequency components and have 
an amplitude which is a function of the product of the input signal 
amplitudes. 

For high-level operation at the carrier input port and linear 
Operation at the modulating signal port, the output signal will 
contain sum and difference frequency components of the modu- 
lating signal frequency and the fundamental and odd harmonics of 
the carrier frequency. The output amplitude will be a constant 
times the modulating signal amplitude. Any amplitude variations 
in the carrier signal will not appear in the output. 








NOTE: Pin number references pertain to this device when packaged in a metal can. To ascertain the corresponding pin 
numbers for plastic or ceramic packaged devices refer to the first page of this specification sheet. 


FIGURE 23 — CIRCUIT SCHEMATIC 
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FIGURE 24 — TYPICAL MODULATOR CIRCUIT 
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TYPICAL APPLICATIONS 


FIGURE 26 — BALANCED MODULATOR 
(+12 Vdc SINGLE SUPPLY) 











FIGURE 27 — BALANCED MODULATOR-DEMODULATOR 
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FIGURE 8-9 


FIGURE 29 — PRODUCT DETECTOR 
(+12 Vdc SINGLE SUPPLY) 
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(Continued.) 











PHASE DISTORTION IN THE DEMODULATION OF SUPPRESSED-CARRIER SYSTEMS 





FIGURE 8-10 Result of noncoherent demodulation 
of DSB-SC. 
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PHASE DISTORTION IN THE 
DEMODULATION OF 
SUPPRESSED-CARRIER SYSTEMS 





Reinserting the carrier seems simple enough—tune 
an oscillator (BFO) to the frequency of the missing 
carrier. However, even with the correct frequency, 







Carrier 


severe distortion can result if the reinserted carrier 
does not have the correct phase relative to the 
suppressed carrier. : 

Figure 8-11 shows the transmitted DSB-SC 
phasors (A), and the correct relationship between 
the reinserted carrier and sidebands (B). A phase 
error A@ will result in the AM phasor signal of (C). 

The resultant signal in C is a combination of 
AM and phase modulation, and the demodulated 
information which might be that of Figure 8—-12A 
would come out like 8-12B with severe phase dis- 
tortion. The demodulated signal has the correct 
fundamental frequency, but the phase distortion 
has greatly altered the information. The phase dis- 
tortion problem is worse in DSB-SC than in SSB- 
SC because of the complication introduced by hav- 
ing the two sidebands. Also, transmission-channel 
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phase shifts, which are not linear between the 
upper and lower sidebands (envelope-delay distor- 
tion), will make the problem even worse. 

One technique for solving the problem of pro- 
ducing a coherent carrier for demodulating DSB-SC 
at a distant receiver is to add a small amount of 
the carrier oscillator signal to the DSB-SC signal 
before transmission. This signal, called a pilot, can 
then be used at the receiver to synchronize the 
local beat-frequency oscillator. The pilot also pro- 
vides a constant amplitude signal for receiver au- 
tomatic gain control. 

As is done with the DSB-SC part of an FM 
stereo baseband signal, the transmitted pilot can 
be a submultiple of the actual carrier, keeping it 
completely independent of the low-frequency mod- 
ulation components. However, most systems do 
not have a bandwidth wide enough to accommo- 
date an octave-frequency offset (see Stereo FM in 
chapter 9). 


FIGURE 8-11  Phasor 
representation of DSB-SC. 
Tiny Seok. ar — (A) DSB-SC. (B) DSB-SC 
Mee” with carrier ‘reinserted’ — 
co AM. (C) Carrier reinserted 
c. with wrong phase. 
A. B. 


FIGURE 8-12 Result of phase distortion due to 
reinserted-carrier phase error. (A) Transmitted. (B) 
shows the result of a phase distortion due to phase 
error of reinserted carrier. 


Another technique used for carrier recovery 
at the receiver is to use a circuit called a Costas 
loop in which information in the demodulated sig- 
nal is used to control the frequency and phase of 
the beat-frequency oscillator. The technique is de- 
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scribed at the end of this chapter. But first let us 
consider a sideband system which is often used 
because of its bandwidth and power efficiency, sin- 
gle-sideband/suppressed-carrier. 


G—6 


SINGLE-SIDEBAND/SUPPRESSED- 
CARRIER 





Single-sideband/suppressed-carrier (SSB-SC) is an 
amplitude modulation technique used for its out- 
standing power and bandwidth efficiency. This 
transmission type is designated as A3J. By elimi- 
nating the carrier and one sideband, a power sav- 
ings of over 83 percent is realized. Additionally, the 
bandwidth required for SSB-SC is theoretically 
one-half that required when both sidebands are 
transmitted. As is the case for DSB-SC, the advan- 
tages are somewhat offset by the need for carrier 
recovery and reinsertion at the receiver. However, 
the phase and frequency accuracy requirements 
are not as critical for single-sideband as they are 
for DSB-SC. Two techniques for generating SSB- 
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SC will be considered: the sideband-filter method 
and the phasing method. 


The Sideband-Filter Method 


Figure 8-13 shows a block diagram for an SSB-SC 
transmitter. The heart of this system is the bal- 
anced modulator and sideband filter. The informa- 
tion to be communicated is amplified and fed to 
the balanced modulator. Also fed to the modulator 
is an intermediate-frequency (IF) carrier which is 
frequency- and phase-locked to a stable reference 
generator in the frequency synthesizer.* 

The double-sideband/suppressed-carrier out- 
put of the balanced modulator is fed to a sideband 
filter where the unwanted sideband is eliminated. 
The single remaining sideband is at an intermediate 


_ frequency and must be up-converted in a mixer to 


the desired transmission frequency. 

After filtering the mixer signal products, the 
single-sideband/suppressed-carrier AM _ signal is 
amplified in linear power amplifiers (LPAs) and cou- 
pled to the antenna or perhaps to coaxial transmis- 


a 
*Phase-lock techniques and frequency synthesizers 
are examined thoroughly in chapter 10. 
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FIGURE 8-13  Single-sideband transmitter block diagram (sideband filter 


method). 


SINGLE-SIDEBAND/SUPPRESSED-CARRIER 


sion lines for multiplexing with other single-side- 
band signals. 

Use of a frequency synthesizer in high-fre- 
quency (HF) radio allows for the generation of a 
single-sideband signal at a fixed IF frequency and 
its subsequent up-conversion to one of the many 
available transmission channels. The synthesized 
up-converter oscillator is variable in discrete steps 
but has crystal-controlled stability at each of the 
discrete frequencies selected. 

The frequency synthesizer system provides 
the same highly stable reference frequency to both 
the IF carrier generator and the variable up-con- 
verter oscillator to achieve the frequency stability 
required of SSB-SC systems. Generally, the total- 
system frequency drift tolerance for voice trans- 
mission is considered to be +50 Hz. However, 
voice-frequency telegraph (VFTG) and low-speed 
data systems require less than = 2 Hz. 

Typical intermediate frequencies in HF radio 
are 100, 455, and 1750 kHz. These frequencies 
allow for the use of mechanical or crystal filters for 
the attenuation of the unwanted sideband. Me- 
chanical filters* operate to less than 800 kHz and 
have bandwidths from less than O.1—10 percent of 
the operating frequency (Qs to 20,000). Crystal fil- 
ters with Qs of 50,000 or more are used at fre- 
quencies as high as 20 MHz. Ceramic filters with 
Qs to 2,000 are also available, and at moderate 
prices. Assessing the number of resonant elements 
(poles) and minimum-Q per resonator required for 
a given filter application was discussed in chapter 
7. Suffice it to say at this point that a 50-dB min- 
imum suppression of the unwanted sideband when 
transmitting voice will require at least an 8-pole 
filter. 

If two filters are available in the sideband filter 
block of Figure 8-13, the operator may choose 
either the upper or the lower sideband for trans- 
mission. With two filters and another modulator, 
the unit can also incorporate an independent side- 
band (ISB) mode of operation, in which two sepa- 


OO 


*For an excellent article on mechanical filters, see 
‘Mechanical Filters Take on Selective Jobs,’ by Robert 
Johnson in Electronics Magazine, 13 October 1977. 
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rate voice transmissions occur simultaneously, with 
one above and the other below the suppressed 
Carrier. 

The power amplifier is Class-A or B (push- 
pull) to maintain the required linearity of the ampli- 
tude-varying signal. Output power varies from ap- 
proximately zero during a lull in the conversation to 
as much as 50 kW peak envelope power in some 
point-to-point HF radio links. 

Automatic level control (ALC) is used to pre- 
vent amplifier distortion on peaks. Similar to AGC 
in receivers, some of the output signal is coupled 
to a peak detector. The voltage output of the am- 
plitude detector is fed back to control the output 
level of the driver amplifier. In this system it is Im- 
portant for the ALC voltage to respond quickly be- 
cause only the peaks are controlled. On the other 
hand if the amplifier gain is released too quickly, 
the result is bursts or pops in the output. It is com- 
mon in ALC design to provide for an attack time 
on the order of 10 ms and a release time of 100 
ms. 


The Phase Method of SSB-SC 


Generation 


By properly combining two DSC-SC_ signals in 
which either the upper or the lower sidebands are 
exactly out of phase, a single-sideband signal can 
be produced. The equal-frequency sidebands 
which are out-of-phase will cancel, and the In- 
phase sidebands reinforce each other to become 
the transmitted sideband. The block diagram Is 
shown in Figure 8-14. The mathematical proof of 
this technique is given for a sinusoidal input of fre- 
quency ,,. 

The inputs to the top balanced modulator are 
sin w,t and sin w,t. The multiplied output IS 
sin w,,t sin @,t, which by trigonometric identity Is 


sin w,,t sin wt = 0.5 [cos (w, — w,,)t 


— cos (w, + w,,)t] (8-5) 


The inputs to the bottom balanced modulator are 
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FIGURE 8-14  Single-sideband transmitter block diagram (phase method). 


COS W,,t and Cos w,t. The output of this modulator 
IS 


COS W,,t COS wt = 0.5 [cos (w, — w,,)t 


+ cos (w, + w,,)t] (8-6) 


Equation 8-5 describes DSB-SC with the 
upper sideband having opposite polarity to the 
upper sideband of equation 8-6. The output of 
the summing network is the addition of equations 
S—5 and 8-6; that is, 


SSB-SC output = V,(¢) 
= 0.5 [cos (w, — w,,)t 
— cos (w, + w,,)t] 
+ 0.5 [cos (w, — w,,)t 
+ cos (w, + w,,)¢] 


= cos (i = wi jt (8-7) 


The various time waveforms and corresponding 
frequency spectra for single-tone modulation are 
shown in Figure 8—15. 

The output of the phasing method block dia- 
gram of Figure 8-14 is seen in equation 8—7 to be 
the lower sideband, with a frequency that is the 
difference between the carrier and modulation fre- 
quencies. Notice that if the output summing net- 
work is changed to a difference network, equation 


8-5 will be subtracted from 8-6 and the upper 
sideband will be transmitted. It can also be shown 
that reversing the quadrature carrier or the audio 
inputs to the balanced modulators will result in 
transmission of the opposite sideband. 

All this works out very simply on paper. The 
problems are with the technology. Even with inte- 
grated circuitry, keeping the phases of modulator 
inputs and outputs constant when temperatures 
and power supply voltages are changing is not so 
simple. Furthermore, while the carrier phase-shift 
network at a single frequency is simple enough, the 
wideband audio network is required to shift the 
phase by exactly 90° over the full audio frequency 
range. The circuit used for this has traditionally 
been the al-pass network, which is  imple- 
mented with RC branches (Figure 8—16). The band- 
width of this network is w, — W,, where @ = 
1/R,C,. A sequence discrimination* approach has 
been shown to be superior for IC implemen- 
tations. 

As integrated circuit technology improves, 
the phasing method for generation of SSB-SC will 
allow for the elimination of bulky and expensive 
filters. 


a ag ae 

*E. Daoud, et al., “New Active RC-Networks for the 
Generation and Detection of Single-Sideband Signals,’’ /EEE 
Transactions on Circuits and Systems, Vol. CAS-27, No. 12, 
December 1980, p. 1140. 
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FIGURE 8-15 Time and frequency spectra for phase method of producing 


SSB-SC. 


Ry R> 





FIGURE 8-16 Wideband 90° phase-shift circult. 


Single-Sideband Receiver 


Demodulation of an SSB-SC signal is essentially the 
same as that described for DSB-SC: the receiver 
must remain linear and the carrier must be rein- 
serted. The receiver then will be a heterodyned AM 


receiver with some provision for automatic level 
contro! (ALC) to prevent distortion on amplitude 
peaks. Demodulation Is accomplished in a product 
detector as previously described, and a beat-fre- 
quency oscillator (BFO) is used for injecting a 
carrier. 

As mentioned in the section on phase distor- 
tion in demodulation of suppressed-carrier sys- 
tems, SSB-SC is much less phase- and frequency- 
sensitive than is DSB-SC. In fact, a voice transmis- 
sion will still be intelligible with a frequency error of 
+650 Hz at the demodulator. However, voice fre- 
quency telegraph and low-speed data systems re- 
quire less than +2 Hz. When you realize that fre- 
quency drift is contributed by each of the 
oscillators in the system—the transmitter IF gen- 
erator and up-converted oscillator, as well as the 
receiver local oscillator and BFO—you see that fre- 
quency stability is a major concern in suppressed- 
carrier systems. As an example will show, oscilla- 
tors with crystal-controlled stability will be re- 
quired. For multichannel transceivers this means 
that frequency synthesizers are required. 
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FIGURE 8-17 (A) Block diagram of frequency-synthesized VLE/MF Model 1030 
communications receiver. (Cubic C. ommunications). (B) Front view of hardware. 
(C) Top, internal view of hardware. 
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FIGURE 8-17  (Continued.) 


EXAMPLE 8-2 


Determine the minimum frequency stability required if a 27.065-MHz oscillator 
is used to demodulate an SSB-SC voice transmission on Citizen’s Band (CB) 
channel 9. Give the answer in percent and parts per million (PPM). 


Solution: 


The demodulated voice signal will be barely intelligible if the oscillator drifts 
by +50 Hz. This is +50 Hz/27.065 MHz = + 1.85 ppm (or 1.85 X 10°) 
xX 100% = +0.000185%. On a short-term basis this is achievable with 
a crystal oscillator. However, one should be concerned about oscillator and 
received-signal noise. 
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Receivers for SSB-SC are usually a double- 
conversion type; that is, there are two mixers and 
two IF systems. Also, to achieve the frequency sta- 
bility required when multichannel operation is em- 
ployed, the LOs and BFO are synchronized to a 
highly stable reference oscillator. 

A frequency-synthesized VLF/MF communi- 
cations receiver block diagram is shown in Figure 
8-17. The Cubic Communication Corporation 
HF 1030 model receiver can be used for demodu- 
lating AM, CW, SSB-SC, ISB, FM, and FSK. The 
synthesizer allows reception over a 10-kHz to 30- 
MHz frequency range in 10-Hz steps and can be 
programmed via an IEEE-488 BUS or by parallel 
binary coded decimal (BCD) control. 

The input signal is converted at the first mixer 
to an IF of 40.455 MHz by the synthesized first 
LO. The first IF includes an 8-pole crystal filter with 
a +4-kHz bandwidth for high selectivity. The first 
IF includes two PIN-diode attenuators, each having 
40 dB of AGC range. The second LO is a 40-MHz 
crystal oscillator phase-locked to the synthesizer 
reference source. The BFO can be changed in 10- 
Hz steps over a range of +5 kHz and is injected 
into an active double-balanced-mixer product de- 
tector. Figures 8-17B and C show views of the 
hardware. 

For a discussion of frequency synthesizers, 
including an example of a phase-lock synthesized 
CB transceiver, see chapter 10. 
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FREQUENCY DIVISION 
MULTIPLEXING IN TELEPHONE 
SYSTEMS 








An excellent example of the application of the sin- 
gle-sideband technique with its bandwidth and 
power efficiency is in combining analog telephone 
conversations on long-distance toll trunks. 

When introduced in chapter 5, frequency-di- 
vision multiplexing (FDM) was suggested as a 
method by which many radio and TV channels 


CHAPTER 8: SIDEBAND SYSTEMS 


could transmit simultaneously by using different 
carrier frequencies. In that application, if the carrier 
frequency separation is at least twice the maxi- 
mum modulating (voice or music) frequency, then 
the spectra will not overlap. This allows a receiver 
to be tuned to one channel without interference 
from another. By using SSB-SC the transmission 
bandwidth is cut in half, and twice as many chan- 
nels of information can be transmitted in the same 
frequency spectrum. FDM is a technique for si- 
multaneous transmission of many narrow-band- 
width signals over a wideband channel. The indi- 
vidual narrow-band signals are separated in the 
frequency-domain spectrum by modulation on sep- 
arate carriers. The carriers must have enough fre- 
quency separation that the modulated signal spec- 
tra do not overlap. By this means the individual 
information signals can be kept separated by filters. 
American Telephone and Telegraph Company 
(AT&T) has been using frequency-division multi- 
plexing of SSB-SC modulated telephone signals 
since 1918. In the early years, a maximum of four 
individual subscribers (telephone users) were com- 
bined simultaneously on a single open-wire-pair 
transmission line. Since that time, coaxial cable and 
microwave radio links have been used with the 
equivalent of 13200 voice-frequency channels 
transmitted simultaneously on the L5bE system by 
the technique of frequency-division multiplexing. 
The method of multiplexing SSB-SC modu- 
lated voice-frequency (VF) teleohone conversations 
in the U.S. is illustrated in Figure 8-18 based on 
the AT&T U6O0 hierarchy. Twelve equally spaced 
carriers are used to convert twelve analog incom- 
ing calls to lower-sideband-only SSB-SC signals of 
4-kKHz bandwidth each. The carrier frequencies 
range from 108 kHz for channel 1 to 64 kHz for 
channel 12. The result of linearly combining the 
twelve channels is a 48-kHz wide frequency-divi- 
sion multiplexed signal called a group. Five other 
groups are produced in the same way, translated 
up in the frequency spectrum by SSB-SC, and lin- 
early combined to produce a supergroup. In the 
U600 system, ten supergroups are multiplexed to 
produce a mastergroup. The FDM frequency spec- 
trum for this system is illustrated in Figure 8-19. 
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FIGURE 8-18 Analog telephone FDM hierarchy. 
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FIGURE 8-19 Analog telephone FDM frequency spectrum. 


In each level of the FDM hierarchy, pilot car- 
riers are added for synchronizing and level control 
for the receiving-end demultiplexing and demodu- 
lation processes. The telephone system also uses 
time-division multiplexing (TDM) to transmit com- 
puter data and digitized voice (see chapters 12 and 
13). The mastergroup described above is also mul- 
tiplexed (FDM) with wideband data* and other 
mastergroups to form higher-level baseband sig- 
nals. These multiplexed baseband signals can 
be transmitted directly on coaxial transmission 
lines or used to modulate a microwave radio 
transmitter. 

The U.S. long-distance L5 system includes 


a ge 
*A data MODEM is used to produce the high-fre- 
quency analog signal for multiplexing. 


the multiplexing of six mastergroups into a jumbo 
group, and there are jumbo groups of 20, 40, and 
60 MHz with pilots at 2976, 10992, and 66048 
kHz. The main oscillator for this system has a long- 
term drift rate of less than 1 part in 10 (1077 
ppm) per day.** Various hierarchies recommended 
by CCITT*** are in use for internationally compat- 
ible telephone transmission using large-diameter 
coaxial cable with up to a 60-MHz bandwidth and 
one mile repeater spacing. These repeaters are 
fixed-gain amplifiers, some of which provide trans- 
mission system temperature compensation. 


a tet eg 
**R. L. Freeman, Telecommunication Transmission 
Hanabook, 2nd Edition, 1981, Wiley-Interscience, p. 440. 
*** Consultative Committee for International Tele- 
phone and Telegraphy. 


QUADRATURE MULTIPLEXING 


EXAMPLE 8-3 


What is the maximum allowable drift rate for a 5.12-MHz master oscillator if 
the frequency must be held to within 1 Hz over five years of maintenance- 
free operation? 


Solution: 
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5 yr/Hz X 365 days/yr X 5.12 &X 10° Hz = 0.9344 X 10” or 9.344 


parts in 10° per day. 
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QUADRATURE MULTIPLEXING 


Frequency-division multiplexing has been dis- 
cussed. Time-division multiplexing has been men- 
tioned and will be covered with pulse and digital 
transmissions. Another technique for transmitting 
two channels of information on a single carrier in a 
way that will allow the two information signals to 
be separated at the receiver is quadrature 
multiplexing. 

The two information sources (channels) are 
separately modulated on carriers derived from the 
same frequency source but with a 90° phase dif- 
ference; that is, the two carrier signals are in phase 
quadrature. 


m,\(t) m,(t) sin w,t 















Quadrature multiplexing is illustrated in Fig- 
ure 8-20. The two modulation signals m,(t) and 
m,(t) modulate the quadrature carriers sin w,t and 
cos w,t in balanced modulators. The modulated 
signals are filtered (not shown) to eliminate nonlin- 
ear mixer products, then linearly added to form the 
quadrature-multiplexed (QM) signal. As seen at the 
transmitter output and receiver input of Figure 8— 
21, the QM signal is merely the sum of two or- 
thogonal (90°) DSB-SC signals with the same sup- 
pressed-carrier frequency. 

The proof that the received orthogonal DSB- 
SC signals can be separated and demodulated is 
now demonstrated for the receiver block diagram 
of Figure 8-21. 


2 
m,(t) sin wt +m,(t) cos w,t 


FIGURE 8-20 
Quadrature-multiplexing of 
two channels. The output Is 
the sum of two orthogonal 
DSB-SC signals on the same 
Carrier. 
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Vom = ™,(t) sin w,t + m,(t) cos w,t 








FIGURE 8-21 

Quadrature multiplex 
receiver. The two 
information signals are m,(t) 
and m,(t). 


The receiver LO or beat frequency oscillator 
(BFO) is synchronized* to the incoming signal; that 
is, the oscillator frequency is exactly w,. The LO 
signal 2 cos w,t is split and phase-shifted to give 
two quadrature LO signals Vio. = 2 cos w,t and 
Vio, = 2 sin w,t, which are the LO inputs to the 
in-phase and quadrature mixers, respectively. The 
mixer outputs are simply the products of their two 
Input signals—the received QM signal and the in- 
dividual LOs. 

The demodulated outputs after filtering high- 
orcer mixer products are derived using the same 
trig identities as for DSB-SC and in chapter 7 with 
mixers. Here, the demodulation of the m,(t) infor- 
mation signal in the quadrature mixer is shown. 
The same proof is used to show the demodulation 
of m,(t) in the in-phase mixer. 

The quadrature mixer output is 


Viog X Vom = (2 sin w,t)[m,(t) sin wt 
+ m,(t) cos w,t] (8-8) 
= 2m,t) sin w,t sin wt + 2m,(t) sin wt cos w,t 
= m(t) cos (w, — wt — m,(t) cos (w, + w,)t 


+ m,(t) sin (wo, — w,)t + m,(t) sino, + w,)t 


= mt) — m,(t)cos 2w,t + m,(t) sin 2w,t (8-9) 


*The circuit used for deriving the ‘synchronized’ sig- 
nal is called a Costas (feedback-) Loop. 


Mixer Q 


Vo (t) =m, (t) 





2 sin w,t 





Cut-off 
at W, 


*Synchronized to 
w, of transmitter 





V,(t) = m,(t) 


Cut-off 
(product detector) at Ww, 


Mixer / 


Please note that the mixer output is the m,(t) in- 
formation signal and two second-harmonic mixer 
products (one of them DSB-SC), which are easily 
filtered out with a low-pass filter set just below 
w,. Since the low-pass filters (LPF) of Figure 8-21 
have a cutoff frequency of just below w,, the out- 
put signal from the “quadrature” branch is 


VAt) = m,(t) (8-10) 


A similar analysis, left for an end-of-chapter exer- 
cise, shows that V(t) = m,(t). 

A slight extension of the above analysis and 
the block diagram of Figure 8-21 will yield an ex- 
tremely important result. The result shows that a 
suppressed-carrier signal does indeed carry infor- 
mation necessary for synchronizing the receiver- 
system local oscillators. 
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COSTAS LOOP FOR SUPPRESSED- 
CARRIER DEMODULATION 


Suppressed-carrier signals such as the telephone 
SSB-SC FDM signals, the double-sideband/sup- 
pressed-carrier transmissions for color in TV, and 
quadrature-multiplexed stereo, as well as all of the 
coherent microwave digital-data transmission sys- 


PROBLEMS 


tems (BPSK, OPSK, QAM, etc.), require a coherent 
local oscillator for demodulation. Coherent in this 
case means exact frequency and approximate 
phase—that is, a small phase error may exist. 

When a pilot signal is transmitted (as is the 
case for telephone FDM, color TV* and FM stereo) 
a simple phase-locked loop will lock onto the pilot 
for “synchronization.” Unfortunately, a  sup- 
pressed-carrier signal with no pilot has no fixed 
spectral component on which to lock-up a phase- 
locked loop. 

As was noted in the section on DSB-SC, the 
sidebands contain information leading to the 





*The pilot comes in short bursts called the Co/or Burst. 
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whereabouts of the missing carrier. Figure 8-22 
shows the additional circuit necessary to extract 
the required information. It is a dc-coupled product 
detector (mixer) known as a phase detector. This 
circuit helos the voltage-controlled local oscillator 
to synchronize at a frequency equal to the sup- 
pressed-carrier frequency w,. Once the frequency 
of the LO is equal to the suppressed-carrier fre- 
quency, the product of V(t) and V(t) will produce 
a voltage proportional to any phase error of the 
local oscillator. This voltage is used to control the 


‘phase and thereby the frequency of the local beat- 


frequency oscillator. The result described is carrier 
recovery, and the circuit, a Costas loop, is a special 
type of phase-locked loop. 


m,(t) 


Baseband 


product detector 
(phase detector) 


FIGURE 8-22 Costas 
loop includes BFO- 
synchronizing for 

m,(t) demodulation of all types of 
suppressea-carrier signals. 








Problems 


1. What type of modulation is used for trans- 
mitting the basic video signal of television? 
What is the reason? 

2. Determine the power savings in percent 
when the carrier is suppressed in an AM 
(DSB-FC) signal modulated to 
a. 100 percent. 

b. 80 percent. 
3. a. What advantage does DSB-SC have over 
VSB? 
b. What advantage does VSB have over 
DSB-SC ? 


4. Write the first five components for the 
squarewave switching function of equation 
8-1. 

5. Write the mathematical expression for the 
DSB-SC output signal of a balanced modula- 
tor with a 15-kHz sinusoid modulating a 
5V—pk 38-kHz carrier. 

6. Determine the power into 50 Q for the signal 
of problem 5 after all but the first set of side- 
bands are filtered out. 

7. An MC 1496 balanced modulator, when 
completely unbalanced, produces a 0.0-MHz 


202 


10. 


11. 


12. 


13. 


14. 


15. 


carrier of 1 volt rms. What will be the carrier 
amplitude when the circuit is brought into bal- 
ance? (Use the specification sheet of Figure 
8-9.) 

Why is a pilot signal so often transmitted with 
DSB-SC? 


. A 1-volt-peak carrier DSB-SC modulated with 


a 5-kHz sinusoid was demodulated noncoher- 
ently—that Is, in a regular AM peak detector. 
Determine the frequencies and amplitudes of 
the first three harmonics of the demodulated 
signal (see Figure 8—10). 

a. Define “coherent” for DSB-SC systems. 


b. If the locally generated carrier frequency 
differs from the transmitted carrier fre- 
quency by 1 Hz, how fast will the phase 
error be changing in rad/second? 


a. Name three advantages of SSB-SC over 
DSB-SC. 

b. Name two advantages of DSB-SC over 
SSB-SC. (Frequency and phase relation- 
ships only count as one.) 

Determine the power savings in percent 

when the carrier and one sideband are sup- 

pressed in an AM (DSB-FC) signal modulated 
to 

a. 100 percent. 

b. 80 percent. How much better is SSB-SC 
than DSB-SC in this respect for m = 
10? 

How is SSB-SC prevented from distorting on 

peaks? Name the system and describe the 

circult. 

A voice frequency range of 500 Hz to 3.5 kHz 

is to be transmitted by SSB-SC using 4 min- 

imum-bandwidth filter. If the modulator fre- 
quency is 100 kHz and the lower sideband is 
at the 3-dB point, determine the 40- to 3-dB 
shape factor for the filter skirts. (See Figure 

8-23 for reference.) | 

A 100-kHz carrier is modulated by a 3-kHz 

tone. 

a. What will a spectrum analyzer display for 
the following types of modulation? Make 
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16. 


17. 


18. 


1g. 


a sketch and show the frequencies. (1) 
AM (2) VSB (3) DSB-SC (4) SSB-SC 
b. Sketch the oscilloscope (time-domain) dis- 
play for the signals of part a. 
Sketch the time-domain signal (oscilloscope) 
and frequency-domain spectrum (spectrum 
analyzer) at each point in the block diagram 
of Figure 8-13 with an upper-sideband pass 
filter. The inputs are 5 kHz modulation, 2 
MHz IF generator, 32 MHz up-converter os- 
cillator (high-side injection to the mixer). Indi- 
cate the frequencies at each point (first-order 
modulator/mixer products). 


Continue problem 14 using the Chebyshev fil- 
ter curves of chapter 7 to show that a band- 
pass filter would have to have 7 poles with a 
minimum Q per resonator of at least 543 to 
achieve the 40 dB of attenuation with less 
than 1 dB of bandpass ripple. 

Change the summation circuit of Figure 8—14 
to a difference circuit, and prove mathe- 
matically that the upper sideband will be 
transmitted. 

The worst-case oscillator drift in an SSB-SC 
receiver is to be 2 Hz. How many parts per 
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20. 


21s 


ye 


million of drift are allowable if the oscillator 
frequency is 10 MHz? 
A 5-kHz tone was transmitted from an upper- 
sideband-only SSB-SC_ transmitter. Other 
voice signals are expected to follow. The re- 
ceived upper-sideband signal has a frequency 
of 455 kHz. 
a. At what frequency must the BFO be set? 
b. What is the maximum BFO drift (in ppm) 
for intelligible demodulation? 
c. Repeat a and b for telegraph trans- 
mission. 
A 1-kHz squarewave is modulated SSB-SC 
(upper-sideband transmitted). If the receiver 
BFO is 10 Hz high, determine the frequencies 
for the first three demodulated harmonics, 
and show that they are not harmonically re- 
lated (consequently, the demodulated output 
will not be a squarewave). 
List (a) two advantages and (b) two disadvan- 
tages of the phasing method over the side- 
band-filter method. 
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23. a. Draw a block diagram for FDM of six tele- 


phone signals (4-KHz bandwidth each) 
whereby the minimum transmitted fre- 
quency is 60 kHz. List all of the carrier 
frequencies. Use minimum transmitted 
bandwidth. 

b. What is the required bandwidth? 


24. Showing the end-point frequencies, sketch 


vASS 


the FDM signal spectrum for the CCITT-rec- 
ommended supergroup in which the sup- 
pressed-carrier frequencies are 612, 564, 
516, 468, and 420 kHz. Each group Is a stan- 
dard 60-108 kHz SSB-SC signal. 

Show mathematically that the in-phase mixer 
(product detector) with filtering will provide 
m,(t) information in a quadrature multiplex re- 
ceiver. Refer to Figure 8-21 and start with 
Vio, X Vom, where Vio, = 2 cos w,f. 








Introduction 


The preliminary discussion on modulation in chap- 
ter 5 states that information can be transferred to 
a high-frequency carrier signal by modulating any 
of the three parameters which characterize the 
carrier—amplitude, frequency, and phase. To this 
point various ways of modulating the carrier am- 


plitude have been presented. In all of the AM 
schemes the carrier frequency w, and phase 6, are 
constant. In this chapter the amplitude will remain 
constant (ideally) and the information signal will 
vary either the frequency or the phase angle of the 
carrier. 
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FREQUENCY MODULATION 








A frequency-modulated signal is any periodic signal 
whose instantaneous frequency f is deviated from 
an average value f, by an information signal m(t). 
The maximum amount by which the instantaneous 
frequency is deviated from the carrier frequency f, 
is called the peak deviation, Af, (pk). 

The block diagram symbol of a linear fre- 
quency modulator, called a vo/tage-controlled os- 
cillator (VCO) or a voltage-tuned oscillator (VTO), 
is illustrated in Figure 9—1. 


k, (Hz/Volt) 
VCO FM 
(VTO) signal 
Af= kV, 
Vig it) 
FIGURE 9-1 VCO block diagram. 


The VCO is an oscillator with a voltage-vari- 
able reactance that controls the oscillator output 
frequency. The circuit is dc-coupled and consid- 
ered to be very broadband and linear. K,, with units 
of Hz/volt, is the proportionality constant that gives 
the amount by which the input voltage causes the 
output frequency to deviate from the average (car- 
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rier) value f,. Hence the instantaneous output fre- 
quency Is expressed as 


f= f, + kv,J\t) (9-1) 


It is assumed, of course, that when v,, = O, f = 
f..* Otherwise 


Af, = kV ,(t) (9-2) 
and 
f= f+ Af 


Because the circuit is dc-coupled, broadband, 
and linear, the oscillator output frequency varia- 
tions about f% will follow exactly the input infor- 
mation voltage variations V,,{t); that is, as. illus- 
trated in Figure 9-2, an input sinusoidal modulation 
signal will produce an identical output sinusoidal 
variation of the oscillator frequency, an input 
squarewave or digital (data) signal will produce an 
output squarewave or digital (data) frequency vari- 
ation, and so forth. This says nothing about what 
the output phase angle is doing—an issue which 
will be dealt with when FM and phase modulation 
(PM) are compared. The phase-angle variations 





*Many actual VCO circuits have an input bias offset 
voltage. Its value is unimportant, and we define V,, with re- 
spect to this bias offset reference. 


FREQUENCY MODULATION 


also must be determined in order to compute the 
modulation index. 


V(t) 
A. t 
———— t 
V_ (rt) 
B. t 
FM 
aes t 


FIGURE 9-2 The frequency variations in FM are 
directly proportional to the modulating voltage. 


Modulation Index 


The modulation index is used in communications 
as a measure of the relative amounts of informa- 
tion-to-carrier amplitude in the modulated signal. 
This parameter is also used to determine the spec- 
tral power distribution. For angle modulation by a 
sinusoid, the modulation index is defined as the 
peak phase angle deviation of the carrier. For phase 
modulation, this is easy to determine. However, for 
FM the modulated signal must be analyzed to de- 
termine the phase variations. 

In general a signal with angle modulation is 
expressed simply as 


s(t) = Acos @(t) (9-3) 


where @(t) is the instantaneous angular displace- 
ment of the signal from a zero phase reference. 
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Angle modulation of a high-frequency carrier will 
result by varying the phase of 


s(t) = Acos (wt + ) (9-4) | 


where either the angle @ or the angle wt is varied. 
When @ is varied by the information signal, 
d\t) O m(t), the result is called phase modulation 
(PM). If @ is held constant and the angle wt is mod- 
ulated by the information signal deviating the car- 
rier frequency, the result is called FM. 

Angular frequency w is the rate of change of 
phase, that is, 


w = d6/dt (9-5) 


This gives the fundamental relationship between 
frequency and phase. Equation 9-1 gives the in- 
stantaneous frequency of an FM _ signal as 
f= f, + kKV,(t), where V(t) OC m(t) is the time- 
varying modulation (information) voltage applied to 
a linear VCO of kK, Hertz/volt circuit sensitivity. Since 
w = 2rf, then dO/dt = 2mrf, + 27k,v,,\t). This 
differential equation is solved for @ by separating 
the phase and time variables as d@ = 2mrf,.dt + 
21k,v,(t) dt and integrating both sides to yield 
O(t) = f2rf.dt + J2ik,v,,{t)at. The first integral 
is easy to evaluate because 27rf, contains all con- 
stants and 2rf,f dt = 2mf,t + 6,, where §, is the 
arbitrary starting phase at tf = O. Therefore the 
instantaneous phase of an FM signal is determined 
from 


O(t) = 2nf,t + 6, + 2mrk,Jv,(t) dt (9-6) 


where the modulation signal waveform must be in- 
tegrated in order to evaluate the peak phase devia- 
tions of the carrier. 

The modulation index for angle modulation 
by a sinusoidal input signal such as v,(t) = 
Vi. COS 2mf,t is defined as the peak phase devia- 
tion of the carrier. For FM the phase deviation of 
the carrier must be determined from equation 9-6 
where the integral of the third term is evaluated as 
follows: | 


2mak,JV. cos (2if,,t) dt 
= 2mk,V,(1/27f,,) sin 27f,t + @, (9-7) 
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The arbitrary constant phase at t = O, @,, can be equation 9-3 as 
combined with @, in equation 9-6 and set to zero. 
After cancelling the 2% terms of equation 9-7, 
equation 9-6 is written where m, = Af,(pk)/f,, is the peak of the sinusoi- 
dally varying carrier phase .angle. The modulation 
Ht) = 2ahet + (koVpul fn) sin 2a fint pee ine of ie for ae FM is cal- 

= 2nf,t + [Af,(pk)/f,,] sin 2rf,t (9-8) culated from 


Sey(t) = A cos (2rf,t + m,sin 2af,t) (9-9) 


The cosine-modulated FM signal is written using , m, = Af,(pk)/F, (9-10) 


EXAMPLE 9-1 


A 1-MHz VCO with a measured sensitivity of k, = 3 kHz/volt is modulated 
with a 2-V peak, 4-KHz sinusoid. Determine the following: 


The maximum frequency deviation of the carrier. 

The peak phase deviation of the carrier and therefore the modulation 
index. 

m, if the modulation voltage is doubled. 

m, for V(t) = 2 cos [27(8 kHz)f¢], volts. 


Express the FM signal mathematically for a cosine carrier and the cosine- 
modulating signal of part 4. The carrier amplitude is 10 V pk. 


Solution: 
Af{pk) = k,V,,{pk) = (3 kHz/volt)(2 Vad = 6 kHz. 


From equation 9-10 the peak phase deviation by the modulating sinus- 
oid is Af(pk)/f,, = 6 kKHz/4 kHz = 1.5 radians = m,. The radian units 
are usually dropped. For emphasis, this example problem will include 
radians in parentheses. 

For a linear modulator Af oc AV, so m, = 3.0 (radians) is double 
the answer of part 2. Of course this can be computed from equa- 
tion:9-10. Since V,, increases to 4 V, then m, = Af(pk)/f, = 
(V/4 V X 3 kHz)/4 kHz = 3 (radians). 

The modulation is sinusoidal with 2 V pk so the carrier-frequency devia- 
tion is the same as part 1—Af(pk) = 6 kHz. Since f£, = 8 kHz, the 
peak carrier phase deviation and modulation index is m, = 6 kHz/8 kHz 
= 0.75. 

The modulating signal is a cosine (so is the carrier). Therefore using the 
value of m, = O./75, we have 

vim = 10 cos (27 10°t + 0.75 sin 278 X 10°?). 
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Sidebands and Spectrum 


The frequency spectrum of an FM signal is 
very different than that of AM. For low deviations 
(m, < 0.25), called narrow-band FM (NBFM), 
there is a carrier and a set of sidebands much like 
AM. However, this is where the similarity ends. 
Even for narrow-band FM the amplitude of the car- 
rier decreases as ™m, increases. Also, and of more 
fundamental importance, the two sidebands are 
shifted 90° relative to the carrier (as compared to 
AM). This comparison is illustrated in Figure 9-3. 


; AM FM and PM 
AX 
o | ie 
vI\x USB. #\. 
/ | ‘ y . 
USB LSB ee Ee eye 
A. 
LSB 


FIGURE 9-3 Comparison of phasor relationships in 
AM and FM/PM. 


Figure 9-4 shows a comparison of AM and 
NBFM phasor variations. Notice that the amplitude 
for the NBFM seems to vary slightly in the illustra- 
tion. This is because the angle drawn for the illus- 
tration is greater than 14.3° (0.25 radians). For 
m, > 0.25, other sets of sidebands are produced 
such that the phasor sum of carrier and all the side- 
bands results in a resultant signal vector S-,(t) with 
constant amplitude. This is discussed later for 
wideband FM. 

The spectrum for angle-modulated signals 
(FM and PM) may be determined from the FM 
equation 9-9, written here as an instantaneous 
voltage (A is peak carrier voltage) and with angular 
frequency for convenience: 


Vin = Acos (wt + Mm sinw,t) (9-11) 
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Sam (t) 


AM 





PM 


FIGURE 9-4 Comparison of instantaneous 
transmitted phasors—Say(t) and Spy/(t). 


By the trigonometric identity cos (@ + 6b) = 
cos (b + a) = cos bcos a — sin b sin a, equa- 
tion 9-11 may be written as 


Vimy = Alcos (m; sin w,,t)] cos w,t 
— A [sin (m, sin w,,t)] sin wt (9-12) 


where the magnitudes of the quadrature carrier 
components are bracketed. 

For low-deviation FM (m, < 0.25) the angu- 
lar variations of the cosine and the sine in the 
brackets of equation 9-12 can be approximated as 
cos Ad © 1 and sin Ad & Ag. Therefore narrow- 
band FM can be approximated as 


Viagem = Acos wt — Alm, sin w,,t) sin wt 


discrete carrier sidebands term 


(9-13) 
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TABLE 9-1 


0.00 1.00 
0.25 0.98 
0.5 0.94 
1.0 0.77 
1.5 0.51 
2.0 0.22 
2.4 O 
2.5 =0,05 
3.0 —0.26 
4.0 —0.40 
5.0 =—U1S 
6.0 0.16 
7.0 0.30 
8.0 0.17 
9.0 =0.00 
10.0 —=—O.25 


Bessel functions of the first kind, J,(m,). | 


0.12 
0.24 
0.44 
0.56 
0.58 
0.52 
0.50 
0.34 
=—O.07 
—0.33 
=0,28 
0.00 
0.23 
0.25 
0.05 


0.03 
0.11 
0.23 
0.35 
0.43 
0.45 
0.49 
0.36 
0.05 
—0.24 
=I.) 
= 
0.14 
O25 


0.02 
0.06 
0.13 
0.20 
0.22 
0.31 
0.43 
0.36 
0.11 
—0.17 
=—~“G20 
1 1 
0.06 


0.02 
0.06 
O12 
0.21 


0.03 
0.06 
0.12 


0.03 
0.06 


0.01 
0.03 


0.01 
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Also, Am, sin w,t sin w,,¢ = (Am,/2)cos(w, — 
W,)t — (Am,/2)cos(w, + w,,)t. This shows clearly 
the constant amplitude carrier and the quadrature 
sidebands as illustrated in Figure 9-4. The side- 
bands term is, from chapter 8, double-sideband/ 
suppressed-carrier (DSB-SC), with peak amplitude 
Am, varying sinusoidally at the modulation rate w,,. 

As seen from equation 9-13, the bandwidth 
required to transmit NBFM must include the carrier 
and a single set of sidebands + w, from the car- 
rier frequency. 


Wideband FM 


Wideband FM (WBFM), or simply FM in general 
with no approximations, is expressed mathemati- 
cally by equation 9—12 for sinusoid modulation. Let 
us agree that the amplitude variations of the quad- 
rature carrier Components become very compli- 
cated. In point of fact the amplitudes of the fre- 
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quency components [sinusoid(m, sin w,,t)] cannot 
be evaluated in closed form but are tabulated in the 
table of Bessel functions of the first kind of order 
n (Table 9-1). The continuous Bessel functions 
J(m,) are shown in Figure 9-5, where 


VApk) = Ad,(m,) (9-14) 


gives the peak voltage amplitude of the carrier for 
any modulation index m, up to and including m, = 
10. The peak voltage of sidebands on either side 


of the carrier is given by 
ViApk) = AdJ.(m;) (9-15) 


where n = 1, 2, _ is the order of the side- 


‘ band—that is, the number of the particular side- 


band pair. So the carrier, n = O, would be 
ViApk) = Ad,(m,) 


However, V,(ok) is more easily associated with the 
carrier (see equation 9-14). 
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FIGURE 9-5 Amplitudes 
of carrier and sidebands for 
FM (and PM) relative to the 
unmodulated carrier. 
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Notice that for m, < 0.25, the carrier drops 
by less than 2 percent and only one set of side- 
bands, the 1st-order sidebands J,(m,), have a value 
exceeding 1 percent (0.01) of the unmodulated 
carrier. These values justify the approximations 
used for NBFM. The 1st-order set of sidebands are 
separated from the carrier by 7,,. 

Notice also that for m, = O.25 there are ad- 
ditional sets of sidebands. This is the wideband FM 
case, and the sideband sets are separated from the 
carrier by f,,, 2f,, 3f,, ... nf, corresponding to 
the order of the Bessel function J.(m,). Notice also 
that all sets of sidebands start at zero for no mod- 
ulation, and the carrier J, starts at 1.0 (100 percent 


‘T 0.98 V,(unmod.) 
| 

| m, = 0.25 
| 
| 
| 


0.12 V,(unmod.) 


, 
LSB 7, USB 
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of the unmodulated carrier amplitude). Finally, no- 
tice that the carrier and each set of sidebands 
reach a maximum amplitude and then decrease, 
one after another, going through a null.* Then they 
become negative (meaning a 180° phase reversal), 
go through a maximum with that phase, rise again 
and continue this cyclical peak-null-peak-null with 
ever-decreasing peak values. 


*The first carrier null at m, = 2.40 is an important 
measurement point for a WBFM system. For example, if f,, 
and V,,(pk) are measured when the modulation index is set 
at 2.40 using a spectrum analyzer or narrow-band filter, the 
deviation and modulator sensitivity can be easily calculated. 


+ + V,(unmod.) 





mM, = 2.0 


FIGURE 9-6 _ Frequency spectra for FM signals with constant modulation 
frequency f,, but different carrier-frequency deviations. 
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The Bessel function solutions do not show, 
but can be used to prove, that FM (unlike AM) is a 
constant power signal irrespective of modulation 
index. This also means that the amplitude seen on 
an oscilloscope will stay constant with increasing 
m, aS long as the power in all the sidebands is 
taken into account—which means that the mea- 
surement bandwidth must be wide enough to in- 
clude all sidebands. Try a calculation for m, = 1.5; 
the relative power in the signal is 


P/P(unmod) = [J,(m,)]* + 2[u,(m,)]? 
= (0.51) + 2[0.56* + 0.23? 
+ 0.067 + 0.017] 
= 1.0005 


(9-16) 


This has a round-off error of O.05 percent. 

If you start drawing phasor (vector) diagrams 
like Figure 9-4 for higher m, (and therefore larger 
db), you will see very quickly that with a single set 
of sidebands, the resultant signal vector cannot 
maintain a constant length. In order to end up with 
a constant resultant amplitude, the additional side- 
bands must be included with magnitudes adjusted 
according to the Bessel table, and each sideband 
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must be shifted an additional 90° from the pre- 
vious one. Figure 9-7 shows an example for 
mM, = 1.0. 

As seen in Figure 9-5 and in the spectra of 
Figure 9-6 with a constant f,,, increasing the car- 
rier deviation by increasing the modulating signal 
voltage amplitude will result in a greater m, and 
more sidebands, thereby requiring more bana- 
width. 


Information Bandwidth and Power 


The total power in an angle-modulated signal is a 
constant as long as all of the sidebands are ac- 
counted for. In theory this means an infinite band- 
width is required. However, 99 percent of the sig- 
nal is accounted for if all of the “‘significant”’ 
sidebands are present. The Bessel function from 
Table 9—1 includes sidebands with voltage ampli- 
tudes of 1 percent or more of the unmodulated 
carrier [U,(m,) = 0.01]. If A is the peak voltage of 
the unmodulated carrier, then A*/2R gives the 
power in the FM signal as measured in real imped- 
ance RAR. The power may also be determined by 








J,(LSB) 
aa 0.11 
J,(USB) 
0.6 0.11 
“NN J, (LSB + USB) 
0.5 0.02 + 0.02 


Resultant FM 


Aé = 1 radian (or PM phasor) 


FIGURE 9-7 Carrier and 
sidebands add up to 
transmitted FM (or PM) 
phasor. 
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adding the power in individual components. This is index. In practice a convenient rule of thumb used 
expressed by equation 9-16 where for determining the circuit bandwidth is based on 
imati alled Carson's Rule, 
ime Ae e.. Gai “ees 

4 | BW = 2(f, + Af, 9-19A) 

The power in just one of the nth-order sidebands | a, ( 
IS = 2fF(1 + m,) (9-19B) 
[U,(m,)]}?P (unmod) (9-18) The actual 3-dB circuit bandwidth is made larger 
The 99-percent bandwidth determined by in- a haa s rule bandwidth if low distortion 


cluding all of the sideband pairs of Table 9-1 Is the 
information bandwidth for a given modulation 


EXAMPLE 9-2 


An FM signal expressed as Vay, = 1000 cos (2710’t + 0.5 cos 27 10't) is 
measured in a 50-Q2 antenna. Determine the following: 


Total power. 

Modulation index. 

Frequency deviation. 

Modulation sensitivity if 200 mV pk is required to achieve part 3. 

Spectrum. 

Bandwidth (99 percent) and approximate circuit bandwidth by Carson's 

Rule. 

7. Power in the smallest sideband (just one sideband) of the 99-percent 
bandwidth. 

8. Total information power. 


Se a are 


Solution: 

1. Pp = (Vpk)?/2R = 10007/100 = 10 kW. 

2. The0O.5 cos 2710't term gives the peak phase variation and,m, = 0.5. 
3. m, = Afipk)/f,, therefore Af,(pk) = 0.5 X 10° Hz = 5 kHz pk. 

4. K, = Af./AV,, = 5 kHz/0.2 V = 25 kHz/Volt. 

5. The spectrum is determined from Table 9—1 with m, = 0.5, A = 1000 


V pk, and f,, = 10 kHz. The carrier is AJ,{0.5) = 940 V pk at 10 MHz. 
The first set of sidebands are AJ,(0.5) = 240 V pk at 9.990 MHz and 
10.010 MHz, and the second (and least significant) sidebands are 
AJ,(0.5) = 30 V pk at 9.98 MHz and 10.020 MHz. 

6. From 5, the 99-percent information bandwidth is 2 X 20 kHz = 40 
kHz, and from Carson’s Rule, BW = 2(10 kHz + 5 kHz) = 30 kHz 
for reasonably low circuit distortion. 
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Z15 


7. There are two ways to arrive at the solution: From part 5 each sideband 
is 30 V pk, So P,g, = (80 V pk)*/100 = 9 W. From equation 9-18 and 
P= 10 kW, P,, = (0.03)°10 kW = 9W. 


8. The power in the information part of the signal is P; — P,, where the 
carrier power is P, = (940 V pk)*/100 = 8.836 kW. P; — P, = 
10 kW — 8.836 kW = 1.164 kW. Low-index modulation is not very 
efficient (11.64 percent in this case). Incidentally, the total power must 
add up as follows: 
P.= P,+ P, + P, = 8.836 kW + 2[(2407/100) + SW] = 10.006 


kW, a 0.06-percent round-off error. 





9-2 
PHASE MODULATION 


Phase modulation (PM) is a very important form of 
angle modulation. It is the modulation of choice for 
satellite and deep-space missions because, like FM, 
its noise properties are superior to AM, but unlike 
FM, it can be produced in a simple circuit driven 
from a frequency-stable, crystal-controlled carrier 
oscillator. A VCO is intentionally made very fre- 
quency-variable to produce high deviations and a 
high modulation index. As a consequence the av- 
erage (carrier) frequency tends to drift. 

In fact, a stable carrier frequency is such a 
valuable performance criterion that phase modula- 
tion with-a-trick is often used for producing FM. 
This is discussed further in the section on “FM 
from PM.’ Called phase-shift key (PSK), phase 
modulation is used extensively in transmitting digi- 
tal information (chapter 17). 

Phase modulation of a high-frequency carrier 
is expressed mathematically by varying the phase 
d@ of the general equation 9-4 with a constant car- 
rier frequency f,. Thus PM is expressed by 

Von = Acos [wt + KpV,At)] (9-20) 


where the phase variation A@ is proportional to the 
modulating voltage signal V,,(t). For a linear phase 


modulator, 


Ad = k,V,,(t) (9-21) 


where the proportionality constant k,, in rads/volt, 
is called the modulator sensitivity. 

For a sinusoidal modulation signal of V,(t) = 
V,, COS 27f,,t, the PM signal becomes 


Spy(t) = A cos (2rf.t + k,Vy, cos 27f,,t) 


p * pk 
(9—22A) 
= Acos (2rf,t + Adlpk) cos 27f,,t) 
(9-—22B) 


Since Ad(pk) = k,V,, is the peak phase deviation 
of the sinusoidally varying carrier phase angle, the 
modulation index in units of radians for this PM sig- 
nal is 


m, = Ad(pk) (9-23) 


Equation 9-22 can now be written in terms of the 
modulation index as 


Spyit) = A cos (2af,t + m, cos 2mf,,t) (9-24) 


Please compare equations 9—24 and 9-9 for 
FM by the same modulating cosine. The compari- 
son will be elaborated upon in the section on “FM 
from PM.” 

When equation 9-24 is expanded by trigo- - 
nometric identity and the narrow-band approxi- 
mation (A@ < 0.25) applied, the result written as 
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a signal voltage is 


Vieem = A cos w,t — Alm, cos w,t) sin wt 
—— M$" ncaa eee 
discrete carrier sidebands term 
(9-25) 
Compare this with equation 9-13 for NBFM. 
Equation 9-25, with its constant-amplitude 
carrier and quadrature DSB-SC signal of sinusoidal 
modulation with peak amplitude Am,, suggests a 
simple circuit implementation. This is shown in 
block diagram form in Figure 9-8. — 















Narrow- 
Crystal Acosw,t + band PM 
oscillator 
(carrier) 

(DSB -SC) 
A sin w,t Bal 
a: 5 gh anon alanced 
modulator 


V_(t) 


m 


FIGURE 9-8 NBFM using a balanced AM 
modulator and sideband phase shift. 


We will see this scheme with a slight modi- 
fication (trick) for generating FM. Note also that the 
scheme of Figure 9-8 with an additional balanced 
modulator (in series with A cos w,t) for producing 
a quadrature multiplexed signal (QM, chapter 8) is 





Carrier 


FIGURE 9-9 Phase 
modulation system. 
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used for transmitting the color (chrominance) vec- 
tor in television. 


Diode Modulator for PM 


Figure 9-9 shows the most. straightforward 
method of producing a PM signal. A voltage-vari- 
able capacitance diode called by various names 
(Varicap, Epicap, and even Varactor) is used to 
vary the tuning of a parallel-resonant circuit. The 
stable crystal-controlled-frequency carrier signal 
will thus be phase-shifted in accordance with the 
modulation voltage. 

The most graphically straightforward method 
for determining the amount of phase shift is to use 
the diode voltage-capacitance curve of Figure 9— 
10. Notice that the C(V) curve is plotted on log- 
log paper. C(V) is very nonlinear (approximately a 
square-root function), and consequently voltage 
variations must be kept small to minimize distortion 
of the transmitted PM signal. Even the 1-volt peak 
of example 9-3 is too much, but it Is convenient 
for demonstrating the principles. 

The vertical scale will yield the fractional 
change AC,/C, in diode capacitance,* which is 
used to determine the tuned-circult frequency shift 


*For small input voltage changes the capaci- 
tance changes can be estimated by determining the slope 
of the C(V) curve at the bias point V. Thus, dC,/dV = 
(d/av)[C(1 + 2| V))~"7] = —C,/1 + 2] V|) or 


Ac,/C, = —AV(1 + 2| Vv} (9-26) 
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from equation 2-5, 


Af./t, % —O.5AC,/C, (9-27) 


With this the resulting peak phase shift A@(pk) can 
be calculated. For sinusoidal angle modulation 
m, = A¢(pk), and knowing the peak input voltage 
swing, the modulator sensitivity can be calculated 
from 


k, = Ad/AV,, (9-28) 


EXAMPLE 9-3 
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An exact formula for the phase shift is de- 
rived from the phase-versus-frequency curve for 
the parallel tank impedance, Z = A,/(1 + jQp), 
where p = f/f, — f,/f. The phase-versus-fre- 
quency follows a tangent curve, 

g@(f) = —tan~' Op, so 


Ao = m, = tan’ Op 


p 


(9-29) 


A 1-volt-pk sinusoid is to phase-modulate a 5-MHz carrier using the circuit of 
Figure 9-9 with the following circuit values: V; = +6 V, a 3.3-kQ resistor 
shunts L, a 44-pF capacitor is in parallel with Cj, which is rated at 56 pF for 
a reverse bias of 6 V. Determine the following: | 


Value of L to set resonance at f, = f, with (V,, = O V). 


Use a linearized phase-slope model to demonstrate graphically the circuit 


b 
2. Circuit Q and peak frequency shift of /. 
3. Modulation index. 
4. Modulator sensitivity. 
Hn. 
phase shifts. 
Solution: 


1. Solve the resonant circuit formula for inductance. L = 1/(2af,)°C. For 
f, = 5 MHz and total C = 100 pF, L = 10 WH. 

2. Q= AIX, = 3.3 k/2m(5 MHz)(10 wH) = 10.5. At the positive peak — 
of the modulating sinusoid, the reverse diode voltage will be 6 — 1 = 
5 V. The vertical axis of Figure 9-10 shows that the relative capacitance 
change from 6 V to 5 V is 1.10—that is, a 10-percent increase in Cy. 
The total circuit capacitance will increase to 100 pF + 10% of 56 pF 
= 105.6 pF, which gives AC,/C, = 5.6 percent. Using equation 9-26, 
the resonant frequency will decrease by Af,/f, = (Y%2)56% = 28%. 

3. Avery convenient form for computing p for equation 9-29 is 


pH] + ae a = Ar 


(9-30) 


From part 2, Af,/f, = 0.028, so p = 1.028 — (1/1.028) = 0.055, 
and therefore A® = m, = tan”' Op = tan ' (10.5 X 0.055) = 0.53 


radians. 


4. k, = Ad/AV,, = 0.53 radians/1 volt = 0.53 rad/volt. (This is also 


about 30°/volt). 
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FIGURE 9-11  Phase-shift to carrier due to shift in circuit resonant-frequency. 


ae 


A graphical method for finding the phase shift of the tuning-diode mod- 
ulator is illustrated in Figure 9-11. For the sake of simplicity, assume 
that the phase-shift curve is linear across the 3-dB bandwidth, BW. The 
phase at the 3-dB points (+BW/2 from f,) will be 45° (2/4 radians), 
and the problem reduces to similar triangles. Then 

Ad _ Af, 


(1/4) = (BW/2) 





and 
Ad © (a/2)Q Af,/f, (9-31) 
where OQ = f,/BW. For Af,/f, = 0.028, Ad © (m/2) X 10.5 X 0.028 


= 0.46 radians for a 13-percent error. The approximation is not very 
good, but the technique Is instructive. 
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Wideband PM 


An analysis of the linearity of the tangent function 
and equation 9-29 for phase-versus-frequency 
shifts of an LC-tuned circuit indicates that the 
modulation index must be limited to less than 0.55 





radians (31.5°) in order to keep linearity within 10 
percent. On the other hand, the modulation index 
must be many more times 0.55 in order for the 
noise-reducing qualities of angle modulation to be 
effective. While modulator linearity for the tuning- 
diode modulator can be nearly doubled by adding 
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a second diode in a series back-to-back configu- 
ration, the real solution is to use frequency multi- 
pliers to increase the phase (and _ frequency) 
deviation. 

Multiplier circuits are discussed later in this 
chapter. They are routinely used in PM systems for 
increasing narrow-band PM to wideband PM 
(mM, => 0.25). The PM equation (9-24) is seen to 
be the same as for FM (equation 9-9), except for 
the integration of the modulating signal in FM to 
show the phase-angle variations. For a given mod- 
ulation index the sidebands, spectra, and power re- 
lationships of sinusoidal PM and FM are identical. 
The Bessel function tables are used with m, re- 
placing m;. The only way to see the difference be- 
tween PM and FM with a spectrum analyzer is to 
increase (or decrease) the modulation frequency 
f,,. the PM index will remain constant, but the FM 
index will change. This is because m, = Ag@(pk) 
for PM is independent of modulation frequency, 
but m, = Af\pk)/F,, is inversely proportional to the 
modulating frequency. 


Demodulation of PM 


The circuit for demodulating a phase-modulated 
signal is appropriately called a phase detector. 
What is necessary for this process is a nonlinear 
circuit element and a phase reference. Figure 9-12 
shows a typical analog phase detector in which the 
nonlinear element is a diode gated by the phase- 
reference signal, and the current pulses are inte- 
grated by the capacitor and resistor network. Two 
such coherent gate/integrator networks are com- 
bined in the balanced circuit of Figure 9-12. 





FIGURE 9-12 Phase detector. 
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If the reference signal is to provide a fixed 
phase reference, then it must be obvious that the 
frequency of this signal must be exactly equal to 
the received carrier frequency. Thus PM requires 
frequency-coherent demodulation. 

The details of how the phase-detector circuit 
converts phase-difference variations into output 
voltage variations are given in chapter 10, along 
with the derivation of the coherent reference signal 
from the received carrier signal. In short, a phase- 
locked loop is used. 


ADVANTAGES OF PM OVER FM 


FM and PM certainly have their similarities, but 
their technological differences have historically dic- 
tated the choice between them. For mass appli- 
cations such as broadcast, phase modulation has 
been disadvantageous because it requires coherent 
demodulation, which requires a phase-locked loop. 
FM can use a noncoherent demodulator which was 
simpler and less expensive. With today’s ICs, the 
phase-locked loop circuitry is less expensive be- 
cause neither a transformer nor LC tuned-circuit is 
required (see the IC phase detector of chapter 10). 

An important difference exists between the 
modulation index of PM and FM. Specifically, 

m, = Ad(pk) 


p 


m, = QAw,t(pk) = Af(pk)/F, 


Because PM has a constant index with modulation 
frequency changes, It offers better demodulated 
S/N performance than FM and also does not re- 
quire preemphasis. These issues are discussed 
later for FM. 

As a final advantage, PM is generated after 
the carrier oscillator has developed a very stable 
(crystal-controlled) frequency. Consequently carrier 
drift, and therefore the necessity for receiver band- 
width, is reduced for PM. 


FM TRANSMITTER CIRCUITS 


This technology leaves FM with only two ad- 
vantages over PM. First, the FM VCO can directly 
produce high-index FM, whereas high-index PM re- 
quires multiplier circuits. Second, a long-term 
change, such as extremely slow telemetry state 
changes, can be detected using FM, whereas 
the phase-locked loop has relatively short-term 
phase memory so PM is ineffective in this appli- 
cation. 

FM broadcast will probably never be replaced 
by PM because of its traditional use and not be- 
cause of any technological advantages. Since it Is 
here to stay, we now turn to the technology of FM, 
beginning with FM transmitter circuits with auto- 
matic carrier-frequency control, FM receiver cir- 
cuits and FM from PM. 


9-4 


FM TRANSMITTER CIRCUITS 





Some of the specifications for commercial FM 
broadcast in North America are given in Table 
9-2. These requirements will provide some design 
goals to help put circuits into perspective. 

A standard FM transmitter will use a VCO to 


2a1 


produce the FM signal. The VCO Is followed by a 
buffer amplifier to provide isolation and therefore 
better oscillator frequency stability. The FM signal 
is then amplified up to its final output power by 
power amplifiers and their driver amplifiers. The 
power amplifier is almost always operated Class C 
and near saturation for high-efficiency and with 
some peak-limiting to level the transmitted signal 
envelope. 

Two solutions to the poor frequency stability 
exhibited by VCOs are common. One uses PM 
with-a-trick to produce low-index FM followed by 
frequency multipliers to achieve high indices. This 
technique is referred to as the Armstrong method, 
and the NBFM from PM is discussed after VCO 
design. 

The second technique for achieving carrier 
frequency stability is to use the wideband VCO and 
stabilize the carrier center frequency by the use of 
feedback. This technique is referred to as the 
Crosby AFC method and will be analyzed under 
‘Frequency Stability and Automatic Frequency 
Control (AFC).”’ 

Since power driver amplifiers and Class C fi- 
nals (final power amplifiers) were covered in chap- 
ter 6 on transmitters, we need only consider VCOs, 
FM from PM, frequency multipliers and AFC here. 


TABLE 9-2 FCC requirements for FM broadcast in North 
America. 





Assigned carrier center frequency, f, 






f, range: 88.1-91.9 MHz (noncommercial) 
92.1—107.9 MHz (commercial) 


f, spacing: 200 kHz between stations. 


Transmitted carrier stability: f, = 2 kHz 






100 kW vertical polarization 


f,, range: 5O Hz to 15 kHz with 75 psec preemphasis 


Max. deviation: Af,(max) = 75 kHz = 100% modulation 
Max. transmitter power: 100 kW horizontal polarization 
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Voltage-Controlled Oscillators 
(VCOs) 


The simplest technique for controlling the fre- 
quency of an oscillator with a voltage is to use a 
tuning diode. An ac equivalent of a VCO is illus- 
trated in Figure 9-13. The voltage-variable capac- 
itance device was described under “Diode Modu- 
lator for PM,’ and the diode capacitance versus 
tuning voltage is illustrated in Figure 9-9. The 
equations developed in that section for the fre- 
quency shift of an LC, resonant circuit using only 
the diode capacitance C, are applicable here, ex- 
cept that the approximations used are not accurate 
for VCOs with a large tuning range. Instead of 
using the approximation of equation 9-27, it is bet- 
ter to derive an exact expression for frequency de- 
viations, where for convenience we use the nor- 
malizing capacitance C, = C(—6 V) for the curve 
of Figure 9-9. If the only circuit capacitance is 
C,, then f, = 1/2aVLC,. At any other voltage V, 
the diode capacitance is C(V) and the new fre- 
quency will be f = 1/2mVLC(V). The deviation 
from center (carrier) frequency will be Af, = f, — 
f, The fractional (percentage in decimal form) de- 
viation Is 


At,/f, = (f, — f/f, 


1— ff, = 


= VC/fcay) 
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+ Feedback 





FIGURE 9-13  Varicap VCO. 


which Is written in terms of the vertical axis of Fig- 


ure 9-9 as 
\ or wy — 1 (9-32) 


where C(—6) = C, is the diode capacitance at 6 
Volts reverse ie 

Equation 9-32 can be used with tuning 
diodes rated at other than 6 V where the value 
C (—6) is determined from Figure 9—9. If another ca- 
pacitor is in parallel with the tuning diode, then use 
the procedure of example 9-3, part 2. 








The VCO of Figure 9-13 has a capacitance given by C, = C1 + 


| Vu|/o)~ "7, where @ = 


100 pF at V, = 
following: 

f,atV = 0. 
f, for V = +1 Volt. 
The VCO sensitivity. 


ob ga 


6V. Also L 


0.5 is the forward-bias junction voltage and C, = 


= 1MmMH and V., = +6 V. Determine the 





The modulation index if the input signal is V(t) = sin 6.28 X 10*t 
Derive a mathematical expression for the VCO sensitivity for very small 
frequency deviations, Af, = 


df. 
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Solution: 


1. 
2. 


f, = 1/2rV10-7°(107") = 503.3 kHz. 
From Figure 9-9 with V = 6 — 1 = 5V, C(V)/C(—6) = 1.1, and 
from equation 9-32 Af,/f, = 1 — (V1.1)"' = 0.0465. Then Af, = 
0.0465(503.3 kHz) = 23.4 kHz. 

k, = Af, /AV = 23.4 kHz/1V = 23.4 kHz/Volt. 

f. = w/2n = 6.28 X 10°/2m = 10 kHz. The peak voltage is 1 V, 
therefore Af, = k, AV = 23.4 kHz pk = Af.(pk). m, = Af.(pk)/f,, = 
2.34 radians. 

df, _ df, dC, 
av. dC dV, 





kK, = (9-33) 


(df,/dC = — f,/2C was derived in chapter 2.) 
The reverse-biased diode capacitance C, is given approximately by 


C, = C41 + 2/V,|)77, and from equation 9-26, dC,dV, = 
—C,/(1 + 2|V,|). Combining equations 9-26 and 9-33 yields 


t 
k, > 


=~ —_°___ 9-34 
1 + 2) Val) ) 


with V, = 6 V and f, = 503.3 kHz, k, = [503.3/2(1 + 12)| kHz/V 
= 19.4 kHz/V, which differs from the 1-Vpk-deviated graphical solution 


223 


of part 4 by about 18 percent. 


FM from PM 


Equation 9-6 for FM, when substituted into the 
general angle modulation expression (equation 9— 
3), yields 


Veg = A tos (2rht + 8, ork Vt) of 


(9-35) 


This equation reveals the trick needed for using a 
phase modulator to produce FM: integrate the 
modulating signal v,,(t) before modulating the 
phase modulator. Any phase modulator will do, 
and a properly designed RC or RL network, or an 
op-amp integrator, may be placed in series with 
the modulation input. One example, popular in FM 
broadcast, is shown in Figure 9-14. Low-index FM 
is produced in the narrow-band phase modulator 
(same as Figure 9-8) preceded by an integrator. 


To achieve the high-modulation indices required 
by the FCC, frequency multipliers follow the FM 
modulator. 

As an example, NBPM and FM have an index 
less than 0.25 radians; in order to produce 5 radi- 
ans (Af.(pk)/f, = 75 kHz/15 kHz = 5), a multi- 
plication of at least 20 is required. 

Two important system design considerations 
will be expanded upon in the next section for mul 
tiplier circuits. One is that the crystal carrier oscil- 
lator frequency must be f,, = f,/N, where f, is the 
assigned carrier frequency and NV is the multiplica- 
tion factor. The second is that all frequency devia- 
tions are increased by a factor N. This means that 
crystal-oscillator instabilities (drifts and noise) are 
increased by WN. 
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WBFM 
Limiter 









Balanced 
modulator 






A sin wt 


FIGURE 9-14 High-index 
FM from a phase modulator 
preceded by an integrator V,_(t) 
(Armstrong method). 


2k, § V,,(t)dt 


Integrator 





EXAMPLE 9-5 


An FM broadcast station uses the Armstrong method with a times-24 multi- 
plication. If £ = 100.1 MHz, find the following: 


1. The crystal-oscillator frequency. 

2. Maximum allowable oscillator drift. 

3. Peak phase deviation at the NBFM output to produce 100-percent mod- 
ulation with f,, = 15 kHz. 

4. Peak phase deviation of the NBFM if #, is reduced to 5 kHz. Also de- 
termine the peak frequency deviation of the transmitted carrier. 


Solution: 


1. fo = 100.1 MHz/24 = 4.170833 MHz. 


2. From Table 9-2 the maximum drift at the output is —2 kHz. At the 
oscillator the drift must be less than +2 kHz/24 = 83% Hzor 19.98 
parts/million (same ppm as at output). 


3. 100-percent modulation in broadcast FM is Af.(pk) = 75 kHz. At the 
modulator output (NBFM) the frequency deviation must be 75 kHz/24 
= 3.125 kHz. The modulation index and peak phase deviation is 3.125 
kHz/15 kHz = 0.2083 radians. Of course, this is 5 radians at the 
transmitter output. 

4. A phase modulator by itself will maintain a constant index as f,, varies. 
However, when f,, is lowered from 15 kHz to 5 kHz, the peak modulat- 
ing voltage at the integrator output will rise because of the 1/f, (6 dB/ 
octave) slope of the integrator circuit (see Figure 9-15). (The integrator 
also delays all inputs by 90°.) As a result of the voltage rise, the peak 
phase deviation of the phase modulator circuit will rise to Ad(pk) = (15 
kHz/5 kHz) X 0.2083 radians = 0.625 radians = m,. This NBFM 
index is increased by the multiplier(s) to m,(out) = 0.625 & 24 = 15. 
The peak carrier frequency deviation will be Af.(pk) = mf, = 15 xX 
5 KHz = 75 kHz pk. 
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Integrator 


Amplitude response 
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§ V,, (t)dt 


FIGURE 9-15 Gain slope and phase-shift of an integrator circuit. 





Reactance Modulator for FM 


Figure 9-16 shows a circuit for which the output 
impedance is a highly capacitive reactance, and 
this reactance varies with the input signal voltage. 
The equivalent output capacitance C,, is the result 


of feedback via a large reactance X, = 1/27fC, 
where X, >> R. The derivation of C,, is as follows: 
lg = ImVg (9-36) 


Also, by voltage divider action, 


Vo = VaR/(R — JX.) © vaR/(— JX.) (9-37) 


where X, > A. For a very high value of X, such 
that i, « i, and Z, = v,/i,, equations 36 and 37 
are combined to yield Z, = (—JjX,/R)Vg/QmV_, OF 


1 
es = —/ —_——_———_- = 
: ‘ | 38) 


The output impedance is seen to be equiva- 
lent to a capacitance of value approximating 


Cog = GmAC (9-39) 





<< Cog 
To tuned- 
circuit 


FIGURE 9-16 Reactance 
modulator. 
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Reactance Modulator Sensitivity 


The circuit output reactance varies with voltage 
because the FET transconductance g,, varies as 


Im = Omno\ 1 _ Ves/V/) (9-40) 


WNETE Gino IS the transconductance when the gate- 
to-source voltage is equal to the device pinch-off 
voltage V,. Ves = 14Rs is the self-bias voltage. 
However, small changes due to the signal at the 
input Av, will cause g,, to vary as 


AGn = (—GmolV,) AV, (9-41) 


The variations of C,, with g,, are from equa- 
tion 9-39, AC,, = RC Ag,,, therefore 


mol tC 
os Imo AV 


g 
p 


EXAMPLE 9-6 
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or substituting 9-39 for C and g,/g,, = (1 — 
Ves/V,), yields the fractional change in C,,, 

rt a Av, 

oe ee (9-42) 
Gas (V, —_ Ves) 

If the reactance circuit is connected as the 
total tuning capacitance of a VCO, then equations 
9-32 or 9-33 may be used to determine the VCO 
sensitivity. For example, equation 9-33 with 9-42 
will give the peak frequency deviation as 


VApk) f, 
2(V, — Veg) 


VApk) f, 


= VS (9-43) 


and the VCO sensitivity is k, = Af,(pk)/V,(pk) or 


Af{pk) = — 


k= £2 VY 


p 


(9-44) 


Determine the (1) equivalent capacitance C,, and (2) sensitivity for a 4-MHz 
reactance modulator with C = 56 pF, R = 100, Ry = 500, |, = 4 mA. 
The FET has a pinch-off voltage of —4V and g,, = 4 mS. 


Solution: 


1. [Vos] = Ve =4mAX05k = 2Vde.g, = (4msS\(1 — %) = 
2m8S, andC,, = 2mS X 0.1k & 56 pF = 11.2 pF. 
2. kK, = 4MHz/2[—2 — (—4 V)] = 1 MHz/Volt. 


Frequency Multipliers 


Frequency multipliers are used in FM and PM to 
increase the frequency and phase deviation, 
thereby increasing the modulation index. 

The most straightforward method of. fre- 
quency multiplication is to drive a high-frequency 
amplifier or diode nonlinear; the nonlinear current 
will contain harmonics of the input signal (see Fig- 
ure 3-4). The output circuit is then tuned to pre- 
sent a high impedance at the desired harmonic N 
to develop maximum power at f,,, = Nf. 





If the input signal is A sin [(w, + Aw,)t + 
A@] and the nonlinearity produces a squarewave 


current, then from Figure 3-4E the signal current 


will be proportional to 

(2A/7) sin [(w, + Aw,)t + Ad] 

+ (‘/3) sin [3w, + 3Aw,)t + 3Ad] + -- - 
= (2A/m) 3 (1/N) sin (Nw, + N Aw)t + N Ag] 


N,odd 


(9-45) 


FREQUENCY STABILITY AND AFC 


The output circuit is tuned to Nw, and should have 
a proportionately (XN) increased bandwidth to in- 
clude the N-times frequency and N-times phase 
deviations. 

Notice from equation 9-45 that a square- 
wave nonlinearity is extremely inefficient If an even 
harmonic (2, 4, ... ) multiplication is desired. To 
minimize power loss (and maximize efficiency) the 
nonlinearity should produce current impulses as 
nearly as possible. This is because all the harmon- 
ics (even and odd) of the input signal are produced 
and because all the harmonics will have nearly the 
same amplitude. Such a circuit would be called a 
comb generator. 

One device made specifically for very effi- 
cient, high-multiplication applications is the step re- 
covery diode (SRD) or snap diode. This device ac- 
cumulates current for a short part of each input 
cycle before it suddenly releases it with a “snap.” 
The circuit efficiency or power loss is proportional 
to approximately 1/N, as opposed to 1/N? for a 
good transistor multiplier. Of course, the transis- 
tor’s current-gain will make up for some of the loss 
by providing power gain over and above the mul- 
tiplication efficiency. 

Transistor multiplier circuits are used for low 
multiples of N—doublers, triplers, and quadruplers. 
For high-power triplers and especially for quadru- 
plers, current “‘idler’’ networks are used to improve 
the efficiency. Three series-resonant idlers are illus- 
trated in the quadrupler of Figure 9-17. The idlers 
help in the output filtering problem, but more im- 


ese Idlers 
BP 
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portantly they improve the circulation of harmonic 
currents to enhance the nonlinearity. Also for high- 
efficiency power transistor multipliers, it Is impor- 
tant to realize that most of the nonlinearity is pro- 
duced in the collector-base junction (varactor be- 
havior), and not the base-emitter, in order to 
maintain a high 6. 

Varactor is the name for a (usually high- 
power) diode operated with high voltage swings in 
order to take advantage of the nonlinear capaci- 
tance of the reverse-biased junction. Varactors do 
not have the high-multiplication efficiency of SRDs, 
but they have higher impedance, making them 
more attractive for high-power applications. . 


FREQUENCY STABILITY AND AFC 


The FCC specification for the assigned carrier fre- 
quency of a standard broadcast FM station is from 
Table 9-2, f, = flassigned) + 2 kHz. As calcu- 
lated in example 9—5 for a station assigned the car- 
rier frequency of 100.1 MHz, the frequency stabil- 
ity Af./f, must be better than 19.98 ppm 
(0.001998 percent). 

A frequency stability of 20 ppm is no problem 
for a well-designed crystal-controlled oscillator. 
However, high-frequency deviation is not practical 
with crystal-controlled VCOs even with multiplica- 


FIGURE 9-17 Quadrupler 
(times-4 multiplier). 
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FIGURE 9-18  Phase- 
locked FM generator. — 


tion. And the stability is reduced by the multipli- 
cation factor WN. 

LC-tuned VCOs have good deviation sensitiv- 
ity but poor stability with respect to frequency 
drifts due to aging effects and temperature 
changes. 

One solution to these dilemmas is to use PM 
with a broadband audio integrator, then multiply. 
Another solution is to modulate the LC VCO, then 
lock the average value of the VCO frequency to a 
crystal reference through a narrow-bandwidth 
phase-locked loop. This technique is shown in Fig- 
ure 9-18. 

The frequency divider of Figure 9—18 is useful 
for minimizing interference from the crystal oscil- 
lator (XO). The low-pass filter (LPF) prevents feed- 
back of modulation frequencies (FM feedback) and 
eliminates the possibility of the loop locking to a 
sideband. 

One more technique for stabilizing an oscil- 
lator frequency is the automatic frequency control 
(AFC) system shown in Figure 9-19. This system 
is used for stabilizing the carrier center frequency 
against drift in FM transmitters. AFC without the 
multiplier and down-converter (mixer and XO) is 
used in receivers for stabilizing the first local oscil- 
lator. In many television receivers it is called AFT— 
automatic fine tuning. 

The Crosby AFC loop of Figure 9—19 is an 
excellent system to analyze for understanding 
feedback. Suppose the VCO frequency f, drifts 
(d) by an amount df. Then with switch S, open 
(position 2), there will be no feedback and the 
transmit frequency will be f., = (N, X N xX 
Naf, -- af) = 12% + 12af,, withN, = N, = 
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2 and N, = 3. To meet FCC specifications, 


Afr = NiNWN, df, <2kHz (9-46) 


With the generator set exactly to f* = 
N,N.#,, the frequency at the frequency discrimina- 
tor input is f, = f4,, — f*, where high-side injection 
fo > f* is almost always used. The frequency dis- 
criminator is a special LC tuned-circuit which 
changes frequency variations to amplitude varia- 
tions (FM to AM) and is followed by peak AM de- 
tectors in a balanced configuration. When properly 
aligned the circuit is tuned to f, and the output volt- 
age Is zero volts. 

The v,(t)/f,(t) transfer characteristic of the 
discriminator is linear over a wide frequency range, 
with a slope (gain) of 


AV./Af, = k, (9-47) 


An input frequency shift of + df, will result in an 
output voltage change of tAV, = k,df, = 
TY. 

The purpose of the low-pass filter (LPF) in 
Figure 9-19 is to prevent any modulation signals 
from being fed back (FM feedback), thereby reduc- 
ing the modulation index. FM feedback has its use- 
ful applications, but standard broadcast transmis- 
sion Is not one of them.* The very slow dc 
changes in V, due to of,-drifts detected by the fre- 


*Very high-index transmission is used in systems with 
severe multipath distortion problems. FM feedback can be 
used in a high-index receiver to intentionally reduce m, and 
bandwidth while simultaneously stabilizing the frequency/ 
phase characteristics of the receiver—typical feedback 
improvements. 
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Modulation 
input 


Frequency 
discriminator 


quency discriminator are fed back to the VCO with 
the correct polarity for forcing the VCO back to 
nearly f,. There will of course always be a small 
frequency error in order to produce the correction 
voltage. The higher the loop gain, the smaller the 
frequency error necessary to produce the appro- 
priate correction voltage. 

In order to complete the system analysis, let 
us go back to switch S,. The signal at pin 1 of S, 
has an open-loop frequency error of af*, = 
N,N.af,. When the switch is closed to pin 1, the 
system with feedback will reduce this frequency 
error to df*,,. After down-conversion in the mixer, 
the frequency error at the discriminator input will 
be af, = —adf*»p. The discriminator output volt- 
age will be V,,, = —k,af*, so the VCO frequency 
will be corrected to df,,, = kK.Vo, = —KokgAt™ 
This frequency correction, when multiplied by N, 
and N.,, is the correction signal which reduces the 
open-loop error of f* That is, 


df*,, = df*,— KKIN Naf, (9-48) 


Solving for df*, in equation 9-48 yields the 
amount of drift at f* for the system with feedback 


Cr 


af*, = ——__——_ 
1 i (kK gN No) 


(9-49) 


The error in the transmitted carrier frequency will 
be 
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FIGURE 9-19 
Transmitter automatic 
frequency control (AFC) 
loop. 


Ahem tb) = Nz X af*y (9-50) 


Equation 9-50 shows the expected result for a 
system with feedback, the open-loop drift is re- 
duced by 1 + (loop gain), where the magnitude of 
the gain once-around-the-loop is K,N,N2k, or 
loop gain = k,k,N,N,> (9-51) 
The reason for going to the trouble and ex- 
pense of down-converting f* to the intermediate 
frequency f, will be revealed following an example 
problem demonstrating the above analysis. The 
reason for separating the times-4 multiplier into 
two doublers with output filtering (X2/BPF) is to 
make a technological point: the higher the multiple 
N, the more difficult it is to reduce the output har- 
monic content by 60 dB to meet spectral purity 
specifications while maintaining wide information 
bandwidths. In this regard the FCC is much less 
demanding than the military, for example, because 
of the great quantities of electromagnetic radia- 
tions filling the frequency spectrum and the greater 
need for interference-free transmissions. The rule 
of thumb for such applications is to break the over- 
all multiplication factor down to include small sub- 
multiples, then start the multiplier string with the 
smallest submultiple, and filter heavily. A doubler, 
for example, gives almost an octave to work 
with. 
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EXAMPLE 9-7 


CHAPTER 9: FREQUENCY AND PHASE MODULATION 


A VCO with a long-term frequency stability of df,/f, = 200 ppm is used in 
the AFC system of Figure 9-19. The transmit carrier frequency is to be 
108 MHz, and the circuit component gains are as follows: k, = 10 kHz/Volt, 
N, = 2,N, = 2,N, = 3,k, = 2 Volts/kHz, also kK. = 37 MHz. All circuits 
except the VCO are considered to be perfectly stable. Determine the 


following: 


Fad, end fy: 
Chime OPEN-loop; is it within FCC specs? 
Transmitted carrier frequency and frequency error closed-loop. 


Solution: 


1. f = 108 MHz/12 = 9 MHz. f* = 4f, = 36 MHz f, = f, — f* 


= 1 MHz. 


2. Without feedback, the VCO will drift by (df,/f,) X f = 200(Hz/MHz) 
x 9 MHz = 1800 Hz. At the transmitter output this will be Ghia = 
12 X 1800 Hz = 21.6 kHz. This is also the same as 200 ppm X 
108 MHz = 21.6 kHz. In any case, it is way out of the specified +2 
kHz and fin = 108.0216 MHz. 


df*,, = 4 df, = 4 X 1800 Hz = 7200 Hz. The loop gain is (10 kHz/ 
Volt)(2 XX 2)(2 Volts/kHz) = 80. The drift at f* is reduced by 81 so 
that df*, = 7200 Hz/81 = 88.9 Hz, which at the transmitter output 
becomes 3 X 88.9 Hz = 266.7 Hz = df,,,(fb). The transmitted car- 
rier, instead of being 108 MHz, is 108,000,266.7 Hz—is well within 


+ 2kHZ. 


The reason for down-converting #* before 
sampling by the frequency descriminator is that the 
discriminator uses an LC tuned-circuit to set the 
zero reference. The descriminator circuit is also 
subject to drift. 

For example, suppose the discriminator of the 
example 9—7 AFC system is stable to 100 ppm. At 
1 MHz input, this is only 100 Hz of drift, but with- 
out the down-conversion provided by the mixer 
and XO, the input will be #* = 36 MHz and the 
discriminator drift will be 3600 Hz. Any drift in the 
discriminator itself—call it Qfj..,—will result in an 





output voltage change of 


AV, = Kill ten (9-52) 


Assuming the worst situation in which this drift is 
in the same direction as the VCO drift, the voltage 
change will push the VCO frequency by the addi- 
tional amount of Af, = k,k,dfi.... The additional 


drift due to the discriminator as measured at f* is 
Af Bicce = NiNok kaise (9-53) 


Notice that feedback will reduce this by very little. 
Therefore the absolute frequency of the discrimi- 
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nator must be as low as practicable. Crystal oscil- bution at f*, let us write It as 


lators have relatively excellent frequency stability. 


a df,* = N,Nodf 9-55 
However, it is easy to show that the XO drift con- aes ( 
tribution at f* is Then the total open-loop drift at f* is 

OF ea = KKaN No dho (9-54) or. — or. + CP ce “- gre. (9-56) 


Using the same notation for the VCO drift contri- 


EXAMPLE 9-8 


The transmitter of example 9-7 has a discriminator with 200 ppm stability 
and an XO with 5 ppm. Determine the following for the worst case of all drifts 
in an additive direction: 


AV, with S;, in position 2. 

AV, with no mixer for frequency down-conversion. 

df* with S, in position 2. 

Will the closed-loop transmitter meet FCC specifications? — 


Solution: 


1. AV, due to discriminator drift is (200 ppm X& 1 MHz) X ky = 
(200 Hz) & (2 V/kHz) = 0.4V. AV, due to drift is (56 ppm & 37 MHz) 
X ky = (185 Hz)(2 V/kHz) = 0.37 V. The total is AV, = 0.77 V. 
With no mixer, f, = 36 MHz and af, = 7200 Hz. The AV, = 7.2 kHz 
X 2 kHz/Volt = 14.4 volts. This would push the VCO 144 kHz, and 
the closed-loop system will not meet FCC specs even with feedback. 
df,* = 1.8kHz X 4 = 7.2 kHz, the same as in example 9-7. Af%.., 
= 04 V X 10 kKHz/V X 4 = 16 kHz. df¥o = 0367 V X 
10 kHz/V X 4 = 14.8 kHz. The total from equation 9-56 is 7.2 + 16 
+ 14.8 = 38 kHz. 

Loop gain is 80 from example 9-7, so df*, = 38 kHz/81 = 469 Hz 
and Ofm = 3 X 469 Hz = 1.41 kHz, which meets FCC specs. 





ceivers is not used for FM and PM because there 
is no information in the amplitude of the transmit- 


9-6 


FM RECEIVERS 


Receivers for FM and PM are superheterodyne re- 
ceivers like their AM counterparts. However, with 
the exception of delayed-AGC to prevent mixer 
saturation on strong signals, the AGC of AM re- 


ted signal. Constant amplitude into the FM detec- 
tor is still desirable, however, so additional IF gain 
Is used and the final IF amplifiers are allowed to 
saturate. The harmonics of the IF signal produced 
by saturation are often reduced substantially by 
tuned circuits used to preserve only the required 
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information bandwidth. The IF amplifiers used in 
the output stages require special design consider- 
ation for good saturation characteristics and are 
called /imiters, or passband limiters when the out- 
put is filtered to preserve the information 
bandwidth. 

since the gain of FM receivers is very high 
for good limiter action, a special circuit is used to 
squelch the audio output to eliminate loud noise. 
When a signal with sufficient S/N is received, the 
squelch is deactivated for normal reception. 


FM Demodulators 


An FM demodulator produces an output voltage 
that is proportional to the instantaneous frequency 
of the input. The circuit symbol used in Figure 9— 
19 is repeated in Figure 9-20 to indicate that the 
frequency-to-voltage transfer function can be non- 
linear, but over the linear range of operation, 


VAt) = kgf(t) (9-57) 


where k,, in KHz/volt, is the gain slope of the over- 
all circuit and f(t) denotes frequency versus time. 
k, |S measured as indicated by equation 9-47. 

There are three general categories of FM de- 
modulator circuits: 


e Phase-locked loop (PLL) demodulator 
e Slope detection/FM discriminator 
e Quadrature detector 


Kg 


a f Vo (t) 


f(t) 


FIGURE 9-20 _ Frequency aiscriminator circuit 
symbol. 
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They all produce an output voltage proportional to 
the instantaneous input frequency. 


PLL Demodulator 


The phase-locked loop used as an FM demodulator 
is conceptually the simplest. As seen in Figure 9— 
21, the PLL consists of a phase detector (PD), low- 
pass filter (LPF), and voltage-controlled oscillator 
(VCO). The PLL VCO, with voltage-to-frequency 
conversion sensitivity of k,, is tuned to the FM car- 
rier frequency with V, = O.* The behavior of the 
loop (described in detail in chapter 10) produces a 
voltage V, which forces the VCO to track the input 
frequency. Hence, v, will be directly propor- 
tional to the input frequency variations of the 
FM carrier which, from equation 9-2, will be 
f(t) = k{xmtr) X v,{t). With limiters ahead of 
the demodulator and a properly compensated loop, 
the circuit gain will be constant, so 


V(t) = kyf(t) kj[k(xmtr) X v,(t)] 


= [k,k(xmtr)] v,,( t) 
Therefore, 


Vt) O v,(t) (9-58) 


where v,,(t) is the transmitted information signal. 


FM | PD LPF V, 
input 


FIGURE 9-21  Phase-locked loop FM detector. 


Integrated circuits such as the LM 1310 and 


the 1800 PLL FM stereo demodulator use phase- 
locked techniques. 


*For single power supply implementations the VCO is 
tuned to f#, with no input signal, and V, can be taken from 
a series-coupling capacitor. As with all RC-coupled systems, 
there will be a low-frequency corner limitation. 
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Slope Detection/FM Discriminator 


FM demodulators which use the frequency-versus- 
amplitude characteristic of tuned circuits for fre- 
quency discrimination form this class. The tuned 
portion of the circuit performs an FM-to-AM con- 
version, followed by AM peak detection. 

The demodulators to be discussed in this 
class are the traditional FM detectors: slope detec- 
tor, balanced slope detector, Foster-Seeley phase- 
shift discriminator, and ratio detector. 

The simplest of these circuits, the slope de- 
tector is rarely used because of poor linearity. It Is 
illustrated in Figure 9-22A. The center frequency 
f, of the tuned-circuit is set such that the input car- 
rier signal falls on the slope of the resonance curve. 
Either the high- or the low-frequency slope may be 
used. With f on the low side of f, and the diode 
in the direction shown in Figure 9—22A, a positive 
S curve transfer characteristic is realized. As tfre- 
quency varies from £, the RF amplitude varies. 
These RF amplitude variations are peak-detected 
with the diode and RF low-pass filter. 

Figure 9-22B illustrates the balanced abas 
detector—iiterally a balanced version of Figure 9— 
22A. \t provides better linearity than the single 
slope detector, but it still has a somewhat limited 
frequency range, and the two variable capacitors 
increase the complexity. 


Foster-Seeley Phase-Shift 
Discriminator 


The FM demodulator pioneered by Foster and See- 
ley uses a modified double-tuned circuit to change 
the FM to AM. This is then followed by a balanced 
AM detector network to recover the information 
signal. 

Figure 9-23 shows the circuit and the vec- 
tors (phasors) formed by the special coupling ar- 
rangement used. The input signal voltage across 
the transformer primary winding v, is coupled by 
Capacitor C, directly across the RF choke. A resis- 
tor can be used in place of the RFC but losses 








FM 





FIGURE 9-22 (A) Slope detector. (B) Balanced 
slope detector. 


occur in the peak detectors. (RFC is the low-fre- 
quency current return.) 

The secondary induced-voltage v, is divided 
equally between v, and v, by a secondary-winding 
center-tap. The secondary (as well as the primary) 
circuit is tuned to resonance at the carrier fre- 
quency. L,C, form a high-Q resonant circuit which 
at resonance circulates a current /, with the same 
phase as v,. As will be derived, v, = (v,; + vs) 
is in phase quadrature (90°) to v, at resonance. 
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FIGURE 9-23 _  Foster- 
Seeley phase-shift 
discriminator. 


The resultant vector diagram is shown in Figure 
9-24, where v, and v, are the phasor signals ap- 
plied to the upper and lower peak detectors, re- 
spectively. The detector output voltage V, will be 
equal to the difference of the peak value V,, and 


Vp. for the balanced peak detectors; that is, 
V, = Vig — Veo (9-59) 


where 


V. = \V/2| v,(rms) | and V, = \/2| v,(rms) |. 


The important input signal transfer function 
relating the vectors of Figure 9-24 is derived for 
the air-coupled transformer as follows: Equation 1— 
29 is M = KVL,L,, where M is the transformer 
mutual inductance and k is the coefficient of cou- 
pling; equation 1-30 is v, = —jwMi,; and for a 
series resonant circuit, impedance is Z = 
r{1 + jQp) where p = f/f, — #,/f. 

Current in the transformer primary is /, = 
v,/jwl,, Vs = —jwMi, = —(M/L,)v, . Current cir- 


wh 


—_> 


Vp 


FIGURE 9-24 Vector diagram for phasors in 
Foster-Seeley discriminator for f,, at circuit resonance. 
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culating in L,C, will be i; = v,/Z,, and, at reso- 
nance, Z,, = r, where r, = wL,/Q,. At any fre- 
quency w, Z,, = 6, + jlwl, — 1/wC,) = r{1 + 
jO,p). Hence, 

i, = —(M/L,)v,/r(1 + jQ,p) (9-60) 


For a high-Q secondary, Q, => 5, the voltage 
across one-half of L, will be 


yy = i,(jaL/2) = 1+ jO Vp 
: sP 
K 
Vv, = vy = —— v,/—90° (9-61) 
1 + jQ,p 


where K = wL,M/2r,L,. Note that at resonance, 
p = O because f/f, = f,/f = 1 and v, (= v,) 
= Kv,, except for the 90° phase difference be- 
tween the primary and secondary circuits. Also, since 
w,L/r, = Q,, 


K = Q,M/2L, 


kO 
> V L/L, 


2 





(9-62) 


where k is the transformer coupling coefficient. 
The transformer and secondary Q will produce an 
optimum FM detector in terms of sensitivity/low 
distortion tradeoffs if KO, = 1.5 and L,/L, = 1.77. 
Thus, good results are obtained for. K = 1. 

When the FM signal frequency reaches its 
peak deviation f = f, + Af,pk), then one calcu- 
lates p(max) and the phase shift of v, from the ar- 
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gument of 1/(1 + jQ,p). That is, AV, | ee 
k, = — for this phase-shift discriminator can 
Ad = —tan-' O,p (9-63) Af 
then be determined graphically or by calculation 
using the law of cosines. An example will illustrate 
both techniques. 


Then the vector diagram of Figure 9-24 is modi- 
fied as illustrated in Figure 9-25 (for f > £). The 
peak output V,(pk) and the detector sensitivity 


FIGURE 9-25 = /dentical 
vector diagrams for 
discriminator with f,, above 
circuit resonance. Part A 
corresponds to Figure 

A. B. 9-24. 





EXAMPLE-9-9 


A Foster-Seeley phase-shift discriminator has circuit values such that K of 
equation 9-62 is K = 0.5. Also, |v,| = 4 Virms) and Q, = 5.77. If the FM 


peak frequency deviation is 5 percent of the resonant frequency, 10.7 MHz, 
determine the (1) peak output voltage and (2) discriminator sensitivity. 





Solution: 


1. v, = % = 4V/—90°/[1 + /5.77(1.05 — 1/1.05)] = 3.45V/— 120° 
or, for convenience, v,; = v, = 4V, A@ = 30°. This produces the 30- 
60-90° right triangle of Figure 9-26 where |v,| = |v,|/K = 8V(rms). 
The graphical solution can be obtained from an accurate sketch of the 
vector diagram. However, tora 30-60° right triangle with ahypotenuse 
of 4, the short side is 2 and the other side must be 2 V 3. The large 
triangles are also 30-60-90°, therefore |v,| = V10? + (2V3)? = 
10.58 V rms, and |v,| = V6? + (2/3)? = 6.93 V rms. V,, = 
\/2|v,| = 14.96 V pk, and V,, = 9.80 V pk. V, = 14.96 — 9.80 
= 5.16 V dc (or peak for an ac modulation signal). 

By the law of cosines: 


vy, = V42 + 8? — 2 x 4 x 8 cos 60° = 6.93 Vis. 
v, = V4? + 87 + -2 x 4 x 8cos 120° = 10.58 Vrms. 


\/2 (10.58 — 6.93) = 5.16 V de. 


ox 
I 
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ene 


FIGURE 9-26 Solution for example 9-9. 


5 percent of 10.7 MHz = 535 kHz pk. (Commercial FM never uses this 


much deviation.) The discriminator sensitivity is k, = 5.16 V/535 kHz 
= 9.6mV/kHz. This is very low for a discriminator. However, the val- 
ues given are convenient for drawing the phasor diagram. 


Ratio Detector 


Equation 9-61 shows that the magnitude of the 
vectors which are involved in the FM to AM con- 
version (by phase-shift differentiation) will vary if 
the circuit input signal v, changes. The vector dia- 
grams clearly indicate that amplitude variations of 
v, and/or v, will cause a proportional variation of 
detector sensitivity and therefore demodulated in- 
formation amplitude. The use of limiters will reduce 
AM noise of all sorts, and the FM demodulation will 
be very accurate. Coherent demodulation preceded 
by limiting will be even more accurate (better S/N). 


FIGURE 9-27 Ratio 
detector. 





The ratio detector is a circuit very similar to 
the Foster-Seeley discriminator, except for the bal- 
anced peak-detector configuration which makes It 
much less sensitive to AM. As seen in Figure 9— 
27, diode D, is reversed, a large-C (~ 10 mF) ca- 
pacitor has been connected from diode D, to D,, 
and the demodulated output information is taken 
from between the resistors as shown. Reversing 
the direction of D, allows for a current path, which 
keeps the voltage V, across the large-capacity 
smoothing capacitor constant; that is, capacitor C 
absorbs AM. 

V. is approximately equal to the value of 


D, 
V,, Pe 
BP ia R 
+ 

0006 QV, C Ve 

RFG _ 
BP Vo ia 

Vp 

Dy 
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v.(pk-pk) across the transformer secondary. This 
average voltage Is maintained, and 2AC is the time- 
constant. If the FM signal frequency increases, v, 
remains constant, but the vectors shift as in Figure 
9-25. Then D, will conduct more heavily and V,, 
will increase, while D, conducts less and V,, de- 
creases—the same as for the Foster-Seeley cir- 
cuit. Thus, the sum of V,, and V,,, stays constant, 
but the ratio varies with input frequency. 

The voltage V, across either resistor remains 
constant, Vz = v,{pk-pk)/2, and as a result of this 
voltage division for the ratio detector, 


V, = 0.5 (| V,,| — |v, |) and 
V(ratio detector) = '/2 V,(Foster-Seeley) (9-64) 


That is, for otherwise equal circuits, the ratio de- 
tector problem is worked the same as the Foster- 
Seeley discriminator, but the circuit sensitivity and 
output voltage are one-half that of the Foster- 
Seeley. 

Receivers using the ratio detector should 
have a band pass limiter stage ahead of the detec- 
tor. This will improve predetection filtering because 
ratio detectors have low-input Q owing to the con- 
stant voltage across C, and the Q varies if v, tries 
to change. Also, the less sensitive the FM receiver 
is to AM, the better the noise improvement and 
capture ratio (to be discussed later). 

If the limiter is not used, very slow received- 
signal changes cause the voltage across C to 
change. This voltage can be used for receiver gain 


IF 
input 
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control by taking the AGC voltage across either of 
the output resistors, depending on the polarity de- 
sired. Some receivers used in a high dynamic-range 
environment use this AGC for delayed-AGC of the 
RF amplifier to prevent saturation of the mixer or 
even a second RF stage. 


Quadrature FM Detectors 


Quadrature FM detectors use a high-reactance ca- 
pacitor to produce two signals with a 90° phase 
difference. The phase-shifted signal is then applied 
to an LC-tuned circuit resonant at the carrier fre- 
quency. Frequency changes will then produce an 
additional leading or lagging phase shift which Is 
detected by comparing zero-crossings (coinci- 
dence detector) or by analog phase detection. 

The quadrature FM detectors of Figures 9- 
28 and 9-30 are the coincidence and analog 
phase-shift detectors, respectively. These circuits 
are popular in integrated circuit implementations 
because there is no complicated and bulky trans- 
former involved. 

The coincidence detector provides two 
equal-frequency, phase-quadrature signals to a dig- 
ital AND gate. As seen in Figure 9-29 the pulse 
width of the AND gate output varies as a function 
of the resonant-circuit phase-shifts due to fre- 
quency changes at pin B. The AC output circuit 
provides the pulse integration for deriving the av- 
erage output voltage. The AND gate can also be 


FIGURE 9-28 FM 
quadrature (coincidence) 
detector. 
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Output AB, | | | | 


FIGURE 9-29 Coincidence detector operation. 
Input B is shown with two different phase shifts 
relative to inout A. The resulting AND gate outputs 
are also shown. 


thought of as a digital multiplier producing the 
product AB. 

Figure 9-30 shows the same circuit as Figure 
9-28 except for the analog product detector. As 
previously derived for coherent detection of AM 
signals and phase detection, the multiplication of 
two periodic signals with the same frequency pro- 
duces a dc voltage which is directly proportional to 
the signal phase difference. This phase-shift detec- 
tor is the analog equivalent of the digital AND gate 
coincidence detector of Figure 9-28. For small 
phase shifts (narrow-band FM), the output will be 
reasonably linear and expressed approximately by 


V, = (v,V,,/2) sin Op 


x Op (9-65) 


where Q is the resonant-circult effective Q and p 
= f/f, — f,/f is the fractional deviation of fre- 
quency from resonance. 

Both of the quadrature detectors require pre- 
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limiter circuits to maintain constant input amplli- 
tudes. A commercially available IC for FM using the 
quadrature detector is the LM 3089 (Figure 9-31), 
which includes IF amplifiers through audio pream- 
plification. A noise squelch (muting) circuit is also 
included. 


IF 
input 





Analog 
product 
detector 


FIGURE 9-30 Quadrature FM detector. 


IF Amplifiers and Limiters 


The IF system for broadcast FM commonly oper- 
ates at 10.7 MHz and requires a bandwidth of at 
least 180 kHz (Carson’s rule). The input stages can 
be similar to the AM IF amplifiers of chapter 7, but 
the output stages are bandpass (tuned) limiter/ 
amplifiers. 

Bandpass limiters (BPL) require special design 
considerations. The reason is that high-frequency 
tuned amplifiers may exhibit undesirable behavior 
when driven into saturation. Radical changes in 
transistor characteristics and impedances along 
with inappropriately long circuit component leads 
(especially in the emitter where feedback exists) 
can cause very high-frequency oscillations called 
parasitic oscillations. Parasitics are typically at too 
high a frequency to be observed as a burst of os- 
cillation, but they manifest themselves as sudden 
changes (snaps) of output power or as very pecu- 
liar distortions (glitches) on oscilloscope displays. 
This phenomenon is certainly not unique to amplli- 
fiers in saturation. Parasitics are as common in me- 
dium-frequency RF work as the common cold. The 
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FIGURE 9-31 


National 
Semiconductor 


LM3089 FM Receiver IF System 


General Description 


The LM3089 has been designed to provide all the major a 
functions required for modern FM IF designs of auto- 
motive, high-fidelity and communications receivers. 


r 
Features 
@ Three stage IF amplifier/limiter provides 12uV (typ) ™ 
—3 dB limiting sensitivity 
® Balanced product detector and audio amplifier pro- 
vide 400 mV (typ) of recovered audio with distortion = 
as low as 0.1% with proper external coil designs q 
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Audio/ Radio Circuits 


Four internal carrier leve! detectors provide delayed 
AGC signal to tuner, IF level meter drive current and 
interchannel mute control 

AFC amplifier provides AFC current for tuner and/or 
center tuning meters 

Improved operating and temperature performance, 


especially when using high OQ quadrature coils in 
narrow band FM communications receivers 


No mute circuit latchup problems 
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A direct replacement for CA3089E 
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Typical Performance Characteristics (continued) 


Supply Current (144) vs Reference Voltage, AGC and Mute Control Output (Pin 12) 
Supply Voltage (V11) Meter Output vs Supply Voltage vs IF Input Signal 


| 1 1 | 
VOLTAGE REFERENCE (PIN 10) 


‘Soi EC Tene WD (ST, See oe 
AGC OUTPUT (PIN 15) AT Viy = 10 mV 


METER OUTPUT (PIN 13) 
AT Vin = 500uV a eae 


8 9 10 11 #12 #13 «14 «15 #1 
SUPPLY VOLTAGE (V) SUPPLY VOLTAGE (V) 


680CINT 





DC VOLTS (Vv) 





SUPPLY CURRENT (mA) 
PIN 12 OUTPUT VOLTAGE 


2 3 5 10 20 30 50 100 
IF INPUT VOLTAGE — ,V 


Typical Audio Attenuation 
(Pin 6) vs Mute Input Voltage 
(Pin 5) 





AUDIO ATTENUATION (PIN 6) (dB) 





0.5 1 
MUTE INPUT VOLTAGE (PIN 5) (V) 


AC/DC Test Circuit 


**DOUBLE TUNED 
DETECTOR COIL 


*SINGLE TUNED 
DETECTOR COIL 


*For single tuned detector coil: 
Lo tunes with 100 pF at 10.7 MHz 
Qu_ (unloaded) = 75 
Q. (loaded) = 13 for V9 = 150 mVrms 
**For double tuned detector coil: 


QuLPRI = QuULSEC = 75 
kQ = 0.7 for V9 = 150 mVrms 








Note: 
The recovered audio output voltage will be approximately 0.5 dB 


O aime less when using the double tuned detector coil. 


27k Scant For proper operation of the mute circuit, the RF voltage at pin9 


OUTPUT should be 150 mVrms +30 mV. 
0.33uF 


MUTING 


10k 0.01:.F 33k 
| SENSITIVITY = 
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FIGURE 9-31  (Continued.) 
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(Continued.) 


FIGURE 9-31 
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most commonly applied preventative is a low-Q 
ferrite bead (Z-bead), usually placed on the base 
lead. 

Another practical design consideration Is a re- 
sistor placed in series with the collector circuit. Val- 
ues between 100 and 500 Ohms are common. 
They sometimes helo with the parasitic problem, 
but their main function is to maintain at least 100 
Ohms of impedance across the tank when the col- 
lector—normally considered a_ high-impedance, 
constant-current source—is in saturation. Too 
large a value of resistance will unnecessarily reduce 
the output power. Too low a value will allow the 
circuit Q to drop excessively. 

Figure 9-32 illustrates a typical bipolar BPL 
stage. Notice the resistor in series with the collec- 
tor, aS previously mentioned. Also, note that A, 
may be eliminated entirely. This would result in 
Class C operation, which is appropriate in this ap- 
plication because the input signal is rectified and 
the remaining input circuit will provide a self-ad- 
justing bias for constant amplifier gain. Care must 
be taken with the RC time-constant and the trans- 
former/transistor selection to ensure that the re- 
verse bias on the base does not exceed the base- 
emitter breakdown voltage of around 3 V for small 
signal devices. 





FIGURE 9-32 Bandpass limiter/amplifier. 
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9-7 
NOISE PERFORMANCE 


Under special circumstances the noise perfor- 
mance of angle-modulated (FM and PM) transmis- 
sions can be much improved (more than 20 dB) 
over AM and baseband transmissions. There are 
various special circumstancs, but the major ones 
are (1) predetection (IF) S/N > 10dB, (2) use of 
IF amplitude /imiters, and (3) use of high-moa- 
ulation index. Also, for broadband FM, an addi- 


tional 12 dB of improvement may be realized by 


the use of preemphasis. 

The use of limiter circuits reduces AM noise 
at the demodulation input and keeps the discrimi- 
nator sensitivity constant. The use of sufficient re- 
ceiver gain and hard limiting helps to ensure that 
the noise peaks at the design threshold are almost 
never larger than the signal. As seen in Figure 9— 
33, phase deviations due to noise are less than 45° 
(0.79 radians) and signal phase deviations greater 
than this will have improved S/N at the demodu- 
lator Output. 

Even without modulation, a noise quieting or 
capture effect is exhibited when using limiters. 
How can this occur when, due to limiting, the car- 
rier amplitude into the demodulator is not increas- 
ing, even though the received signal strength in- 
creases? Figure 9—34 helps to visualize the effect. 





FIGURE 9-33 Carrier and noise phasors (no 
modulation) at limiter output. 


NOISE PERFORMANCE 


—- — Limiting level 
t 
A. 
— Limiting level 
ALE t 
B. 


FIGURE 9-34 = Limiter circuit output with receiver 
(A) captured by noise, and (B) captured by signal 
(carrier only). 


Figure 9-34A shows the IF limiter output when the 
noise power is greater than the carrier. We see 
only noise impulses at the demodulator input be- 
cause noise Is saturating the limiter and the signal 
is too weak to do anything about it—the receiver 
is Captured by the noise. Figure 9-34B, however, 
shows the receiver captured by the carrier to 
the extent that the carrier peaks have the IF sys- 
tem so far into saturation that the weaker noise 
cannot cause a deflection except possibly at 
zero-crossover points. This means that the 
greater the amount of IF limiting, the steeper 
the crossover slopes and the lesser the effect 
of noise on the output. The result is that the 
signal has captured the receiver and the noise is 
Suppressed. 

Even without limiting but with modulation, in- 
creasing the modulation index will result in a 
greater demodulator output voltage swing (v, & 
m,) so that, as long as the input carrier-to-noise 
ratio C/N is sufficient, the demodulator output 
S/N will improve as m;; that is, for strong-carrier 
conditions, doubling the modulation index will im- 
prove the demodulated S/N by 6 dB. The FI- 
thresholaing effect and modulation index improve- 
ment are shown in Figure 9-35. Notice that for 
low-modulation index, FM threshold occurs at ap- 
proximately C/N = 13 dB. This is the ‘knee’ of 
the linear operating range for the discriminator. 
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FIGURE 9-35 _ FM thresholding for C/N less than 
13 AB (low-modulation index). 


Preemphasis tor FM 


The main difference between FM and PM is in the 
relationship between frequency and phase, f = 
(Yor)d6/adt. A PM detector has a flat noise power 
(and voltage) output versus frequency (power 
spectral density). This is illustrated in Figure 9- 
36A. However, an FM detector has a parabolic 


P, or Vv 





B. 


FIGURE 9-36 Detector noise output spectra for 
(A) PM and (B) FM. 
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FIGURE 9-37 oleae 
Preemphasis network (A) an Ay R, 
and frequency response (B). A. 


noise power spectrum, as shown in Figure 9-36B. 
The output noise voltage increases linearly with fre- 
quency. If no compensation is used for FM, the 
higher audio signals would suffer a greater S/N 
degradation than the lower frequencies. For this 
reason compensation, called emphasis, is used for 
broadcast FM. 

A preemphasis network at the modulator 
input provides a constant increase of modulation 
index m, for high-frequency audio signals. Such a 
network and its frequency response is illustrated in 
Figure 9-37. 

With the RC network chosen to give 7 = 
R,C = 75 us in North America (150 ys in Europe), 
a constant input audio voltage level with frequency 
will result in a nearly constant rise in the VCO input 
voltage for frequencies above 2.12 kHz. The larger- 
than-normal carrier deviations and m, will preem- 
phasize high-audio frequencies. 

At the receiver demodulator output, a low- 
pass RC network with 7 = AC = 75 ws will not 
only decrease noise at higher audio frequencies but 
also deemphasize the high-frequency information 
signals and return them to normal amplitudes rel- 
ative to the low frequencies. The overall result will 
be nearly constant S/N across the 15-kHz audio 
baseband and a noise performance improvement 
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f, = 2.12 kHz (7 = 75 us) 


of about 12 dB over no preemphasis. Phase mod- 
ulation systems do not require emphasis. 


9-8 
STEREO FM 


The broadcast of high-fidelity stereo began in 1961 
on FM radio. The transmission of two channels of 
sound information (stereophonic) on a single carrier 
required compatibility with existing high-fidelity 
monophonic FM receivers. This communication 
system design challenge was solved by using fre- 
quency division multiplexing (FDM) within the al- 
ready established 200 kHz station bandwidth. 

Figure 9-38 illustrates the approach used at 
the transmitter, including the composite baseband 
spectrum which modulates the carrier. Audio sig- 
nals from both left and right microphones are com- 
bined in a linear matrixing network to produce a 
left-plus-right (L ++ R) signal and a left-minus-right 
(L — R) signal. The L + A sum provides the total 
monaural audio signal for compatibility, and L — 
R is produced by inverting the R signal and adding 
it to the L signal. 

Both L + R and Ll — fF are signals in the 
audio band and must be separated before modu- 


STEREO FM 


lating the carrier for transmission. This is accom- 
plished by translating the L — A audio signal up in 
the spectrum. As seen in Figure 9-38, the fre- 
quency translation is achieved by amplitude-mod- 
ulating a 38-kKHz subsidiary carrier in a balanced 
modulator to produce DSB-SC. This form of moa- 
ulation is used in order to eliminate deviation of the 
FM carrier by the subcarrier. (A DSB-FC AM carrier 
would be at least twice the amplitude of the side- 
bands.) However, the stereo receiver will need a 
frequency-coherent 38-kHz reference signal to de- 
modulate the DSB-SC. To simplify the receiver, a 
frequency- and phase-coherent signal is derived 
from the subcarrier oscillator by frequency division 
(+2) to produce a pilot. The 19-kHz pilot fits 
nicely between the L + R and DSB-SC L — R 
signals in the baseband frequency spectrum. All 
three signals are added together to form the com- 
posite stereo baseband signal, which frequency- 
modulates the main station carrier. As indicated by 
its relative amplitude in the baseband composite 
signal, the pilot is made small enough so that its 
FM deviation of the carrier is only about 10 percent 
of the total 75-kKHz maximum deviation. After the 
FM stereo signal is received and demodulated to 
baseband, the 19-kHz pilot is used to phase-lock 
an oscillator, which provides the 38-kHz subcarrier 
for demodulation of the L — A signal. 









Balanced 
modulator 
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The composite stereo baseband signal can 
look very interesting on an oscilloscope. A simple 
example using equal frequency but unequal ampli- 
tude audio tones in the L and A microphones |s 
used to illustrate the formation of the composite 
stereo (without pilot) in Figure 9-39. 

Figure 9-40 shows the block diagram of an 
RCA CA-3090 IC stereo decoder for recovering the 
left and right audio signals at the receiver. A similar 
inductor-less IC made by Motorola, the MC-1310, 
also uses a phase-locked loop to achieve subcarrier 
frequency coherency for demodulating the L — A 
signal. 

A 76-kHz VCO Is used and a divide-by-2 
(+2) flip-flop provides a symmetrical 38-kHz sub- 
carrier to the synchronous L — A product detector 
for demodulation of the DSB-SC. Another +2 flip- 
flop divides the 38 kHz down to 19 kHz for input 
to the phase detector. The PLL loop gain is high 
enough to achieve a very low phase error differ- 
ence between the pilot reference and local VCO. It 
can be shown that a phase error of 26° between 
the local signal and the suppressed 38-kHz subcar- 
rier will result in a degradation of stereo separation 
down to 26 dB. Thus, the high-gain PLL has largely 
replaced the older technique of filtering and dou- 
bling the 19-kHz pilot to reconstruct the subcarrier. 
Both the CA-3090 and MC-1310 achieve 40 aB of 


Broadcast 
signal 


FM 
modulator 








oscillator 


Composite 
baseband 
signal 


0 15 19 23 38 


FIGURE 9-38 FM stereo generation block diagram. 


(No preemphasis) 





53 


(kHz) 





246 


channel separation.* The output D of the L — AR 
detector is combined in the linear matrix network 
with the L + A of the composite baseband signal 


*That is, a stereo generator with only a right-channel 
tone will be least 40 dB down in the left output. 


A. 
R 





38 kHz 


+(L — R) 
D. 
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to produce (L + AR) — (L — R) = 2A and 
(L + R) + (L — R) = 2L. The 2 in 2R and 2L 
indicates twice the amplitude and is not a fre- 
quency multiplier. The deemphasis networks are 
external to the decoder chip and have time con- 
stants of 75 microseconds. 





(L + A) —(L — A) = 2A 


aN L+R 
(L +R) + (L—R) = 2L 






Adder output 
(without pilot) 


FIGURE 9-39 Development of composite stereo signal. The 38 kHz alternately 
multiplies the L-R signal by + 1 and — 1 to produce the DSB-SC in the balanced 
AM modulator (part D). The adder output (shown in part E without pilot) will be 
filtered to reduce higher harmonics before FM modulation. 


Problems 


1. a. Describe an FM signal. 

b. What is meant by carrier deviation 
Af.? 

2. A linear VCO produces a 2-V peak unmodu- 
lated 100-MHz carrier and has a modulation 
sensitivity of k, = 10 kHz/volt. If the VCO is 
modulated by a /0/.I-mV rms, 5-KHz cosine 
signal, determine: 


a. Peak deviation of the carrier frequency. 
b. Modulation index. 


3. Repeat problem 2 for the following separate 


conditions: 
a. Only the modulation voltage (VCO input) 
is doubled. 


b. Only the modulation frequency is doubled. 
c. Only the carrier amplitude is doubled. 


LVC 
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FIGURE 9-40 Stereo FM decoder using the CA3090 IC with PLL pilot 
synchronizing. (From Leonard Feldman, ‘New FM Stereo Decoder,” Radio 
Flectronics Magazine, August 1973.) 
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. a. Express, mathematically, the VCO output 
of problem 2. 

b. Repeat for problem 3. (Assume a sine 
carrier.) 


. The modulation voltage of problem 2 Is re- 

duced to 100 mV pk. 

a. Express this NBFM transmitted signal 
mathematically using actual voltages and 
frequencies. 

b. Make a phasor sketch of the NBFM signal 
with the actual peak voltage amplitudes 
indicated on the sketch. 

. a. Determine the relative amplitudes of all 
significant spectral components in the FM 
signal of problem 2 (m, = 2). 

b. Determine the actual peak voltages for 
part a. 

c. Sketch the frequency spectrum accu- 
rately. Include actual frequencies for each 
component. 

. a. Determine the power of the carrier trans- 
mitted on a 75-Q antenna if m, = 2 and 
V, (unmodulated) is 2 kV, peak. 

b. Repeat for V, (unmod) = 2 Volts, pk. 

c. Find the power of one J, sideband in part 
a. 


. Prove that the relative powers of all side- 
bands and carrier for m, = 2.0 adds up to 
unity (within 1 percent). 
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g. 


10. 


2 


Buffer 
amplifier 





FIGURE 9-41 


A spectrum analyzer shows that a transmit- 

ted FM signal (f, = 100 MHz) has frequency 

components separated by 10 kHz, and the 
carrier amplitude is equal to the amplitudes of 
the first set of sidebands. 

a. Determine the modulation index. 

b. If K, = 30 kHz/Volt, find the modulation 
input voltage and frequency. 

c. If the unmodulated carrier power was 10 
kW, determine the power transmitted at 
100.01 MHz when modulated. 

d. What is the minimum amount of input sig- 
nal voltage to the VCO required to make 
the carrier power zero? 

Compare the information bandwidth (99 %) 

with Carson’s rule bandwidth for problems 

a, 2 

3a and b 

5 

Ya and d. 

What type of modulator is shown in Fig- 

ure 9-41? 


b. If C; = 100 pF at 6 V and decreases by 
10 percent at the modulation peak, where 
Vit) = 1.3 sin 628t volts, calculate the 


ooo 


output modulation index. (Use the exact 
or the linear, phase-slope approximation.) 

c. Determine the modulator sensitivity. (As- 
sume linearity holds over the voltage 
range.) 





PROBLEMS 


12. A phase modulator with sensitivity of 0.5 rad/ 
volt has a modulation input of 4 cos 2710*t 
volts. Determine the peak phase deviation 
and modulation index ™,. 

13. Use the capacitance-voltage curve to deter- 
mine the resonant frequency of Figure 9-42 
for the following voltages: 

a. V = 7 Volts 
b. V=11V 
c. V=A4V. Plot f versus V. 


100 pF at L = 100 wH 


Vp = 6 Volts BP 


i 


FIGURE 9-42 


1 Volt 


* 


14. a. Determine the modulation sensitivity for a 
VCO using the circuit of Figure 9-42 with 
YV=7V = 1 Volt. 


b. Find the FM modulation index for 
V=7-+ sin 75.4 X 10°t volts. 
Vece +15 V 
RFCS 
60 pF | I 


) GO OQ 


out 


Variable reactance 


FIGURE 9-43 


15. 


16. 


Tits 


18. 


18. 


Oscillator 
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What is the major difference in demodulators 
for PM and FM? 


a. Why is PM preferred over FM for mod- 
erate -to narrow-band space commun- 
ications ? 


b. Why does high-index PM require fre- 
quency multipliers ? 

a. The temperature coefficient (TC) for a 98- 
MHz VCO is 100ppm/°C. If the VCO is 
used in a satellite orbitting the moon and 
the temperature increases by 40°C during 
an orbit, by how many Hz will the carrier 
frequency drift? 

b. Repeat for a crystal-controlled oscillator 
with TC = 1ppm/°C. 

A J-FET reactance modulator is shown in Fig- 

ure 9-43 /, = 3 mA (dc), g,, = 6mS, and 

V, = —5 volts. 

a. What value of L is required to resonate 
the oscillator tuned circuit to 4 MHz if V,, 
= 0? 

b. What will be the peak percentage change 
of capacitance for the variable reactance 
section if V, = 0.5 V pk? 

c. Determine the modulator sensitivity. 

a. Discuss the circuit requirements for mul- 
tiplying a 12.5-kKHz peak deviation broad- 
cast FM signal to 100-percent modulation 
index. 
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b. What is the best system arrangement for 
meeting FCC specifications on out-of- 
band emissions ? 


c. Name three multiplier device/circuits and 
comment on their relative efficiencies. 


20. An FM discriminator has a slope (S-curve) of 
2 Volts/kHz and is tuned to 10.7 MHz. De- 
termine the output voltage and frequency for 23 
the following input FM _ signal: v(t) = 
10 sin [67.23 & 10®°t — cos 31.42 X 10°¢| 
volts. (Hint: Compare v(t) to equation 9-9.) 


21. The Crosby AFC system of Figure 9-19 has 
N, = 3,N, = 1,N3 = 3, K, = 5 kHz/volt, 
k, = 1 V/kHz, and an XO with f = 34 MHz. 
Determine: 

a. VCO, f*, and discriminator frequencies 
for transmitting a 99-MHz carrier. 

b. Transmitter output frequency drift, open- 
loop, if the VCO drifts a total of 300ppm. 
Is it within FCC specs? 

c. Repeat part b for the closed-loop system. 
Is this within FCC specs? 


22. An FM transmitter (see Figure 9-44) uses 
AFC (Crosby method) to stabilize the carrier 
frequency from the following long-term fre- 25. 
quency drifts: VCO 200ppm, discriminator 
200 ppm, XO 5ppm. Determine: 
a. Transmitter output frequency 7/,,, without 
drift. 


24. 


k, = 66 kHz/Volt 
f, = 3.7 MHz 


LPF 
passes 
i. 


k=1 


ky = 0.16 V/kHz 


FIGURE 9-44 







b. Output frequency drift open-loop. Is this 
within FCC specs? 

c. Total long-term drift at f* with the loop 
closed but before correcting for feedback 
improvement. 

d. Transmitter closed-loop output drift. Is 
this with FCC specs? 


. A Foster-Seeley discriminator is operating at 


w, = 1.703 X 10°rps. The circuit compo- 

nents are C, = /O pF, L; = 3 wH, G = 

150 pF, L, = 1.5 mH (total secondary), Q of 

secondary = 20, M = 1 wH. For a primary 

rms voltage of 4 V, determine the following: 

a. v, (voltage across 2 of secondary), Vv, 
(rectifier input), Vso (rectifier output), and 
V, (net discriminator output) at resonance 
(w,). 

b. Draw the phasor diagram for part a. 

c. Repeat a and b for a frequency decrease 
of 1 percent. 


What will be V, for problem 23c if a ratio de- 
tector is used with the same component val- 
ues and input as problem 23? 


Determine the output voltage from the quad- 
rature FM detector receiving a 10.715-MHz 
CW signal. The voltage constant is 10V, the 
resonant circuit center frequency is 10.700 
MHz, and the bandwidth is 200 kHz. 








x9/filter 







f., = 11.555 MHz 


PROBLEMS 


26. a. The signal-to-noise ratio at the input of an 


27. 
28. 


29. 


30. a. 


FM ratio detector is +20 dB. What will 
the demodulated S/N be, in dB? 
b. If the rms noise level with no signal is 20 
mV, what will be the output signal level? 
Repeat problem 26 for (S/N),, = 10 dB. 
Explain the “‘capture effect” in an FM receiver 
with hard limiting. 
Why is preemphasis used in broadcast FM 
systems ? 
By how many dB is an 8-kKHz modulation 
signal preemphasized assuming a 6 dB 
per octave gain slope starting at 2kHz? 
b. Repeat for a 15 kHz signal. (Hint: The 


ol. 


2. 


39: 
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exact number of octaves n may be deter- 
mined from 2”) 


The stereo FM system of Figure 9-38 has a 
10-kHz tone in the left channel while the right 
channel is silent. Draw the frequency spec- 
trum and oscilloscope display (time-domain) 
at each point shown in the system. Indicate 
each frequency component in the spectrum. 


What is the purpose of the ‘pilot’ in FM 
stereo? 


Explain all the steps from the FM discrimina- 
tor output to the L and FA speakers in recover- 
ing a stereo broadcast. What time-constant Is 
used for FM deemphasis? 











Introduction 


The phase-locked loop was described for the syn- 
chronous reception of radio signals as far back as 
1932 by H. deBellescizi in France, and has found 
use IN numerous applications. Its widespread use 
today in all areas of electronics is due to the con- 
venience and small size of the integrated circuit. 
some of the communications applications are 
shown in the block diagram configurations of Fig- 
ure 10—1 and will be described in appropriate sec- 
tions and chapters which follow. Although the 
phase-locked loop (PLL) is nonlinear over some of 


A. Coherent phase detector 
or FM demodulator. 


Be 


a(t) ae 
P D = phase detector 


(or comparator) 


C. Tracking filter. 





D. Phase-/ocked receiver to receive deep - 
space signals that are buried in noise 
(negative S/N); also as Doppler detector 
or to solve Doppler-shift problems in earth 
satellites or fast- moving systems. 


FIGURE 10-1  Phase- 
locked loop applications. 
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its Operating range, the linearized noiseless model 
used in this chapter provides the basis for most 
PLL applications. A treatment of noise and other 
important topics can be found in various books on 
PLLs and frequency synthesizers (using the phase- 
lock principle). 

As illustrated in Figure 10—1c for the fre- 
quency-tracking filter application, the phase-locked 
loop consists of a phase-detector (PD), loop filter, 
a voltage-controlled oscillator (VCO), and, very 
often, a low-frequency op-amp. The loop is said to 


B. Stabilized VCO (voltage-controlled oscillator). 
Applications: frequency synthesizer; T.V. horizontal 





AFC. 
Oo fy 
>N or XN 
Ref 
or 
sync. VCO (input) 


Other Applications: ''cleaning up" a noisy 
oscillator with a wide band PLL; pulse 
width modulator or demodulator: bit 
sync of PCM; touch-tone decoder. 


E. Sampled PLL. 
Sampler 






vo ke] Lee 


Pulse - 
generator 





0,(t) Ref 


*Use coherent AGC 





LOOP COMPONENTS 


be phase-locked when the VCO frequency f, and 
the loop input signal frequency f, are identical 
(f, = f), and only a phase difference between the 
VCO and input signal exists. 

Without an input signal the VCO is free-run- 
ning at frequency fp. When a signal atiives, the 
system enters an acquisition (pre-lock) mode. 
When an input signal is present and the loop is 
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locked, then f, = #, by definition, and the VCO 
will track frequency changes of the input signal. 
This is called the tracking (locked) mode. The 
range of frequencies over which the VCO will track 
the input signal is called the hold-in range and is 
determined by the PLL loop gain and linearity. Like 
any feedback system, the loop gain is the product 
of the gains for each component in the loop. 








LO-1 
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The Phase Detector 


A phase detector is a dc-coupled mixer. A simple 
analog phase detector is shown in Figure 10—2A. 
Consider the phase detector as a simple switch, as 
illustrated in Figure 10—2B. The signal with fre- 
quency f, simply opens and closes the (diode) 
switch. If f # f,, then the circuit behavior is that 
of a mixer producing the sum and difference fre- 
quencies. The capacitors shown are chosen to by- 
pass f,, f,, and f, + f,, and therefore only the beat 
(f — f,) signal is seen at v,. This will be the case 


Unfiltered 


output 


fo JUL : 


prior to phase-lock during the acquisition mode of 
operation. 

After the loop is locked, f will be exactly 
equal to f (f, = f) by definition of “locked,”” and 
only a phase difference can exist between the two 
phase detector input signals. Now we want to see 
that a phase difference between the two input sig- 
nals results in a de voltage V,, which is propor- 
tional to tne phase ditterence, 0, = 6, — 8,. This 
is first shown mathematically, then graphically. 

A mixer performs the mathematical function 
of multiplication. Thus for sinusoidal inputs, 


Asin (wt + 0) X 2 cos(w,t + 6,) 
Asin [wt + 0) — (wt + 92] 
+ sin [(wt + 0) + (wt + 6,)] 


Vg 





FIGURE 10-2 (A) Analog 
= phase detector. 
(B) Simplified model. 
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When phase-locked, w, = w,. The second har- 
monic term, Asin[2w,t + 60, + 9], is filtered 
out, leaving 


V, = Asin (0, — 6,) (10-1) 


This voltage is directly proportional to the input sig- 
nal amplitude and, more importantly, the phase 
error 0,. Indeed, for small 6,, this transfer function 
is linear as seen in Figure 10-3. 


A sin 0. 


0, (radians) 





FIGURE 10-3 Analog phase detector 
characteristic—output voltage versus input phase 
difference. 


input 


Switch 
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Figure 10-4 helps to show the results graph- 
ically as oscilloscope measurements. The f, signal 
is shown as a squarewave because its function is 
to open and close the switch at a rate exactly 
equal to 7. For the waveforms shown, f, and f, are 
equal and the loop is locked. When the signals are 
out of phase by 90° as in part A, a zero dc output 
results; if the phase is slightly advanced as in part 
B, a small negative dc output is produced; and 


_ when the signals are exactly in phase as in part C, 


the result is a dc output proportional to the f, signal 
level—exactly the kind of signal that is needed for 
a lock indication in telephone touch-tone decoders 
or AGC in coherent receivers. 

You can see here that the average (dc) value 
of the unfiltered phase-detector output is propor- 
tional to the phase difference between the f, and f, 
signals. With the low-pass filter (integrator) at the 
output, only the dc voltage is measured as V,. To 
determine the actual value of V,, you must inte-_ 
grate the unfiltered waveform over one cycle and 
divide by the period. If you think you are not into 
integration, look again. Do you see that there is a 


= 


| 
| e@—$—$$$___________ 


Unfiltered 
output 


closed | | | | | 


Switch__-# 


open 


Unfiltered 
output 


(a) 


f, controls 
switch 





(b) —de (c) 


FIGURE 10-4 Phase detector waveforms. 
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negative average in part B, a zero average in part 
A and a positive average in part C? Yes? Congrat- 
ulations, your eye and brain integrate just fine. 


Phase-Detector Gain 


The phase detector discussed above Is a mixer, 
which mathematically is a multiplier, with a direct- 
coupled output. When the loop PLL is locked and 
has no stress in it (zero static phase error), the volt- 
age applied to the VCO must be zero so the phase 
detector output must also be zero. Thus, the phase 
detector (locked loop) operates with a 90° offset, 
but this is really no different than a circuit-bias off- 
set. The locked-loop phase-detector input-output 
(transfer) characteristic is shown Figure 10—5. This 
is seen to be similar to the FM discriminator S- 
curve. However, the PD characteristic is a contin- 
uous sinusoid repeating every 27a radians. Also, 
during the tracking mode, operation is limited to 
the portion of — the curve between 
+ a/2 where |0,| < 72/2. This is because, for 0, 
between m/2 and 37/2, the slope of the PD char- 
acteristic is negative, resulting in an unstable (re- 
generative feedback) loop. For sinusoidal inputs it 
is clear from Figure 10—5 that the slope of the 
phase detector characteristic curve, 


V, = Asin 6, (10-2) 


is not constant. In fact, it rises with a maximum 
slope at 6, = O, and levels off to a slope of zero 
(no gain) at 8, = 7/2 radians. Since we are usually 
interested in loop behavior for small 6,, let’s find 


V, (volts) 







0, =0, — 6; 
y (radians) 


FIGURE 10-5 Analog phase detector 
characteristic. 


fi, sin 6,] 
dp 


201 







Vi =Asiné, 


6, (radians) 


1 radian 


FIGURE 10-6 Sinusoidal characteristic of analog 
phase detector. 


the slope (gain) at 8, = O. A proof of this is given,* 
but it turns out that the peak voltage A Is the volts- 
per-radian gain of this phase detector because the 
tangents to the peak and the PD curve at 8, = O 
intersect at one radian, as seen in Figure 10-6. 
Therefore the gain of the analog phase detector Is 


k, = A (volts/radian) (10-3) 


AV, (volts) 


0, (radians) 





FIGURE 10-7 Phase comparator characteristic for 
squarewave inputs. 


If the input signals are both squarewaves, the 
phase detector characteristic will be linear, as illus- 
trated in Figure 10-7. It is clear from Figure 10— 
7 that the gain of this circuit is constant over the 
range of inputs 86, = 27/2 and is given by 
ky = Vq/0, = A/(a/2). That is, 


k, = 2A/a (volts/radian) (10-4) 


*The slope of the PD curve, V,(@) = Asin @,, at the 
Origin is 
= Acos 6, = AcosO0 = A. 


J, =O 16, =O 


e 
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The phase detectors of Figures 10-8 and 
10-9 also produce the characteristic of Figure 
10-7. Although, as shown for the EXclusive-OR 
circuit of 10-9, there will be a dc-bias offset to V, 





FIGURE 10-8  /ntegrated circuit balanced detector. 





FIGURE 10-9 Digital implementation of phase 
detector using an exclusive-OR gate. 


FIGURE 10-10 Digital 
implementation of phase 
detector using a set-reset 
flip-flop. 
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if a single supply voltage is used. The circuit of Fig- 
ure 10-8 is typical of balanced integrated circuit 
implementations. This circuit is also used as a bal- 
anced AM modulator for producing double- 
sideband/suppressed-carrier signals and consists of 
differential amplifiers. The oscillator input polarity 
determines which differential pair conducts, while 
the signal input determines whether A-, or Reo re- 
ceives the current. The output voltage will be the 
difference between /,Ao, and Reo. 


Digital Phase (Timing) Comparators 


Digital phase detectors can be realized using an 
EX-OR (Figure 10-9) or an edge-triggered set- 
reset flip-flop (RS-FF) circuit. The EX-OR output Y 
is low when both inputs are high or low; otherwise 
Y is high, indicating “‘or.’’ The output is smoothed 
(integrated) to produce Vy. The EX-OR requires 
symmetrical squarewave inputs, which may _ be- 
come a system problem, whereas the edge-trig- 
gered RS-FF works well with pulses. Furthermore, 
as illustrated for the circuit of Figure 10-10, the 
RS-FF phase detector can produce a linear PLL 
over a full 0, range of 27 radians, which is twice 
that for the other phase detectors. The problem 
with using digital phase detectors in sensitive com- 
munication receiver applications is in the difficulty 
of filtering the sharp impulses and their harmonics 
to prevent radio-frequency interference (RFI). 


Amplifiers 


The second loop component is an amplifier com- 
monly referred to as the de amp. Its function is to 
increase the loop gain by amplifying the phase de- 
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tector output voltage. Figure 10-11 shows three 
voltage amplifiers and their gain parameter k, = 
A, (volts out/volts in). The bandwidth of the dc 
amp must be very high compared to the loop bana- 
width or loop instability will result—even to the 
point of oscillation due to excessive phase shift 
around the loop, which would produce positive (re- 
generative) feedback. 


Voltage-Controlled Oscillator (VCO) 


The voltage-controlled oscillator was studied in its 
role as a frequency modulator. Various circuits 
were shown for controlling the frequency of the 
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FIGURE 10-12  Véaricap control of free-running 
multivibrator—voltage-controlled oscillator. 
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Operational amplifiers increase PLL loop gain. 


oscillator. The simplest approach is to use a volt- 
age-variable capacitor (varicap diode) in a multivi- 
brator so that when the varicap bias voltage 
changes, the capacitance changes, thereby chang- 
ing the oscillator frequency. The frequency of the 
free-running multivibrator circuit of Figure 10—12 Is 
controlled by the variable reactance of D, and D3. 
In IC implementations, D, and D, are realized by 
reverse-biased collector junctions. It should be 
noted that the control voltage must not exceed V; 
+ O0.5V + v,, where v, is the positive peak of the 
oscillator signal across R, and O.5V causes for- 
ward-bias of the silicon diodes. The input-output 
characteristic for the VCO is shown in Figure 10— 
13. The VCO should be operated within the linear 
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FIGURE 10-13 VCO characteristic. 
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range between 140 and 60 kHz. Over this range 
the VCO loop-gain parameter is constant and de- 
termined from 


k, = Af,/AV, (10-5) 
= (60 — 140) kHz/[1 — (—1)] Volts 
= —A0O kHz/Volt 


1LQ-2 
BASIC LOOP BEHAVIOR 


Locking the Loop 


The concept of a locked loop is best understood 
from a description of what you would experience 
in the electronics lab with a generator and an 
oscilloscope. 

Start with switch S, open (Figure 10-14) and 
a signal generator with frequency f connected to 
the input. With 7, not equal to the free-running fre- 
quency (f,), the phase detector will produce the 
sum and difference frequencies. The loop (low- 
pass) filter filters out the sum frequency (f + fe), 
f., and fez, while the difference (f, — frg)—the beat 
between the signal generator and VCO—is al- 
lowed to pass through. This beat is amplified and 
seen as V, on an oscilloscope. As you vary the gen- 
erator frequency to bring 7 closer to f,, the beat 





FIGURE 10-14 PLL 
block diagram. 
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frequency gets lower and lower, and if you have a 
steady enough hand on the generator control, you 
will see V, on the scope as a voltage which you 
can vary from + V, through O, to — V and back as 
you go through a zero beat (f = f,). You have, in 
fact, traced out the phase-detector characteristic 
amplified by the dc amp and the loop-filter char- 
acteristic. This is illustrated in Figure 10-15. 





FIGURE 10-15 Beat-frequency output at V, with 
loop open. The input generator frequency is being 
varied from f, < frp to f. > frp. 


The loop-filter characteristic can be observed 
by continuing to increase the generator frequency 
and noticing that the amplitude of the beat de- 
creases at higher (beat) frequencies; this ‘roll-off’ 
will be observed when f, is above or below fre. 


Acquisition 


In Figure 10-14, with the VCO input grounded and 
V, = O, measurements will show that £ = fp. 
However, if f # fe, then the beat is observed at 


fepg = Free-running 
frequency 
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V,. When the switch is closed, the beat-frequency 
signal at V, will cause the VCO frequency f, to 
change. If the voltage is large enough (high loop 
gain) and the filter bandwidth wide enough, then 
the VCO will be deviated from fe and lock at the 
instant that £, = f. The amount by which the VCO 
frequency must be changed is Af = f, — fg. The 
time required for the loop to lock depends on the 
type of loop and loop dynamics. For the simplest 
PLL with no loop filter, this acquisition time |s on 
the order of 1/k, seconds. Also, the range of f over 
which the loop will lock, the /ock range, is equal to 
the hold-in range for the simple PLL. 


Locked Loop: The Tracking Mode 


When the loop is locked we know that f, = f. 
This is the unique feature of the phase-locked PLL: 
there is no frequency error! Only a phase difference 
between the signal and the VCO can exist. This 
phase difference 8, — 6, = 8, is called the static 
(dc) phase error. @, is the input to the phase de- 
tector when the loop is locked and is required in 
order for the phase detector to produce a dc out- 
put voltage V, which, when amplified by the dc 
amplifier, will produce exactly enough V, to keep 
the VCO frequency deviated by Af. If 7 increases, 
then Af increases and 8, must increase in order to 
provide for more V, to keep the VCO tracking f. 
The definition of locked is that f = f, and the loop 
will track any change in f. Any subsequent shift of 






Phase 


detector 
eee 


Loop 
filter 


f, = fep when V, = 0 


oO 


261 


6, or 6, will be tracked-out so that only 6,, as de- 
fined by equation 10—7, remains. 


Loop Gain and Static Phase Error 


The locked PLL is seen in Figure 10—16 where the 
loop filter is shown with dashed lines because the 
static condition holds and the loop filter has a gain 
of unity. Each block in the loop has its own gain 
parameter. The phase comparator develops an 
output voltage V, in response to a phase difference 
between the reference input and the VCO. The 
transfer gain k, has units of volts/radian of phase 
difference. The amplifier shown is wideband with 
a voltage gain of k, volts/volt (dimensionless). 
Thus, Vj = K,Vq. 

The VCO free-running frequency is fg. The 
VCO frequency f, will change in response to an 
input voltage change. The transfer gain k, has units 
of KHz/volt. At this point in the development, the 
only function of the loop filter is to eliminate the 
high frequencies, namely f,, f,, and the sum of 
these. The loop gain for this system, like that for 
any other feedback system, is simply the gain of 
each block multiplied around the loop, thus 


k, = kyt kat ko (10-6) 


The units of k, are (V/rad - V/V : 
kHz/radian. 

Assume that a signal with frequency 7; Is an 
input to the phase detector, and the loop is locked. 


kHz/V) = 








FIGURE 10-16 PLL in 
tracking mode (locked). 
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If the frequency difference before lock was Af = 
f, — fer, then a voltage V, = Af/k, is required to 
keep the VCO frequency equal to 7. So the phase 
comparator must produce V, = V,/k, = 


Af(k,k,), and the static phase error 0, = 0, — 6, 


/ 


must be 6, =  V,/k,. Combining gives 
6, = Afflk,k,k,) = Af/k,. This is a fundamental 


equation for the PLL in phase-lock, 
6, = Af/k, (10-7) 


In many computations the loop gain must be in 
units of radians/second rather than in kHz/radian. 
The conversion is made using 27 radians/cycle. 


Hence, loop gain is also given by 
Ki, = 2arkghaRe (10-8) 


in units of sec” ' or radians/second. 


Hold-In Range 


The range of frequencies for f, over which the loop 
can maintain lock is called hold-in range. Assuming 


EXAMPLE 10-1 
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that the amplifier does not saturate and the VCO 
has a wide frequency range, the phase detector 
characteristic limits the hold-in range. It should be 
clear from the phase detector characteristics (Fig- 
ures 10-6 and 10-7) that, as the static phase 
error increases due to increasing f,, a limit for V, is 
reached beyond which the phase detector cannot 
supply more voltage for VCO correction. The phase 
detector simply cannot produce more than A volts. 
The total range of V, is A = 2A, so that the 
total range of 0, is w radians. From equation 10— 
7, the minimum to maximum input frequency 
range, f£(max) — f(min) = Af, will be 


Af, = 7k, 


or Af, = k,/2 (10-9) 


The edge-triggered R-S flip-flop phase comparator 
of Figure 10—9 can provide twice this, Af, = ky. 
Let's stop here and work through an example 
which will demonstrate quantitatively what has 
been covered so far. 


Figure 10—1/7 provides enough information to analyze the static behavior of a 


ohase-locked loop. 


1. Determine k, for the op-amp. 
Calculate the loop gain in units of sec” ' and in dB (at w = 1 rad/sec). 


2 
3. With S,; open as shown, what is observed at V, with an oscilloscope? 
4 


When the loop is closed and phase-locked, determine (a) the VCO out- 
put frequency, (b) the static phase error at the phase comparator output, 
and (c) V, (is this rms, pk-pk, or what?). 

5. Determine the hold-in range Af, 

6. Determine A, the maximum value of V,. 


Solution: 





1. k, =(R/R) +1 = 4kK/1k + 1 = 5. | 
2. k, = kgksk, = 0.1V/rad X 5 X —30kHz/V = —15 X& 10%(Hz/rad). 
Then, ky = 15 X 10° cycles/sec-rad X (2m rad/cycle) = 94.3k 
sec |, and k(dB) = 20 logk, = 20 log(94.3 & 10°) = 99.5dB at 1 


rad/sec. 
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f, - 100 kHz 


Ky = 0.1 V/radian 





VCO 
= 110 kHz 


= —30 kHz/Volt 


FIGURE 10-17 Example PLL. 


V, will be a sinusoidally varying voltage with a frequency of |f — fal 


(a) 


(c) 


10 kHz. This assumes that : very small capacitor internal to the 
phase comparator filters out f,, f, and f, + f. 
= 


When the loop is locked, f = 100 kHz by definition of 
locked, and only a phase difference can exist between the input 
signal and VCO. This phase difference 8, is the loop-error signal 
(static phase error) which results in V, at the detector output and, 
when amplified by k,, provides enough voltage V, to make the 
VCO frequency be exactly equal to f. 
The free-running frequency of the VCO is 110 kHz. In order for the 
VCO to equal 100 kHz, the VCO input voltage must be V, = 
(100 kHz — 110 kHz)/k, = —10 kHz/—30 kHz/V = 0.33 V dc. 
Then, because k, = 5, V, must be V, = 0.33V/5 = 0.0667V. 
Finally €, = V,/k, = 0.0667V/0.1 V/rad = 0.667 rad. 

Once again, we have derived the basic relationship, 
6, = Affk, = (f — f)/k, = 10 kHz/(—15 X 10°H2/rad) = 
0.667 rad. 
V, was calculated in (b), but let’s do it another way. The input to 
the phase detector (loop-iocked) was determined from 6, = 
A?f/k, = 0.667 radians. Since V, = k,8,, we have V, = 0.1V/ 
rad X 0.667 rad = O0.0667V dc. Now, we are assuming Z,, of 
the op-amp is much larger than FA of the loop filter, so there is no 
voltage drop across A. The input to the op-amp is O.0667V dc, so 
that V, = k,V, = 5 X 0.0667 V de = 0.33 V de. This is enough 
to keep the VCO at 100 kHz when in fact its rest frequency is 110 
KHz. 
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The question is, when the loop is locked, how much can 7, change in 
frequency before the loop just cannot provide enough V, to keep the 
VCO at f, = f? Assuming that the VCO and dc amplifier don't saturate, 
we look at the phase detector characteristic. Clearly V, can increase with 
6, until Vj > Vix = A, at which point 6, = 7/2. Beyond this, V, 
decreases for increasing static phase error, and the phase detector sim- 
oly cannot provide more output voltage to continue increasing f,, and 
the loop breaks lock. The total hold-in range is + 7/2, or m radians. The 
frequency difference between these break-lock points will be 
Af, = 6{max) X k, = mw X 15 kHz/rad = 47.1 kHz. 

At the frequency where 6, = 7/2, we have Vom), = A. Therefore 
V, = kjO, = 0.1V/rad X m/2 rad = 0.157V de. 
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LOOP FREQUENCY RESPONSE 
AND BANDWIDTH 


In previous sections steady-state behaviors of the 
PLL and its individual components were described. 
In this section, the frequency response and band- 
width for the locked-loop condition is discussed in 
order to complete the background necessary to de- 
scribe PLL applications such as analog FM demod- 
ulators and others. This discussion is also a nec- 
essary prerequisite for the development of 
concepts such as loop dynamic behavior and sys- 
tem stability. 


Frequency Response of Individual 
Loop Components 


All individual loop components discussed so far are 
dc-coupled except for the phase detector input 
and VCO output. The bandwidth of a well designed 
phase detector with high-frequency diodes or tran- 
sistors for switching can be extremely wide. Com- 
mercially available detectors have a bandwidth 
(overall) in excess of 500 MHz, so the real fre- 
quency limitation will be the AC low-pass circuit 
at the phase detector output; this is used to filter 
out the two input signals and the mixer sum (f, f 

and f, + #f). The R.C corner frequency is de- 


signed to be well above the loop bandwidth (which 
is defined later). 

The bandwidth of the loop amplifier must be 
much: wider than the loop bandwidth. This require- 
ment often precludes the use of such popular ICs 
as the 741 operational amplifier with its 2-MHz 
gain-bandwidth product. The reason for use of 
wideband detectors and amplifiers is loop stability. 
Each high-frequency corner (RC time-constant— 
also called a pole) can increase the negative-feed- 
back phase delay by up to 90°. Furthermore, each 
pole within or near the loop bandwidth can in- 
crease the ‘order’ of the loop as will be demon- 
strated in section 10-6, “Improving Loop 
Response. ° 

The VCO frequency response is the primary 
component limiting the loop bandwidth. You 
should remember from the study of the VCO in its 
use as an FM modulator that the modulation index 
Is Inversely proportional to the frequency at which 
the input voltage varies (f,); that is, m, © 1/f,. 
Hence for sinusoidal variations of VCO inputs 
Vt), the loop gain is effectively reduced as the 
frequency of V(t) increases. This gain roll-off with 
frequency is characteristic of integrators and is 
sketched in Figure 10-18. 

The derivation of the VCO as an integrator in 
the PLL is now given. A sinusoidal VCO output, like 
any sinusoid, can be written as e(t) = E sin[6.(t)], 
where 6@,(t) is the instantaneous phase at any 
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VCO gain characteristic 





w= (log) 


FIGURE 10-18 VCO gain frequency response, k,(o). 


time t. The VCO frequency at any instant is the 
rate of change of phase; that is, 


f, = (1/2m)d0,\t)/at (10 —10) 


Since we can measure the VCO frequency and 
how it varies with the input control voltage V,, we 
can determine how the VCO phase varies with V,. 
From above we see that d6\t) = 2mfdt and 
6(t) = 2nff,dt. lf the frequency doesn’t change, 
then the integral is simply 6,(t) = 2af,t + 9,, 
where @,, the integration constant, represents any 
initial ohase off-set at tf = O. Hence the VCO out- 
put becomes the familiar e(t) = E sin(2af,t + 


6.,). 








FIGURE 10- 19 


« (radians/sec) 


— 6 dB/octave 
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If the VCO frequency changes due to a 
changing input control voltage V,(t), then for a lin- 
ear VCO characteristic, the change is Af, = 
k,V{t) and the instantaneous frequency is f, + 
k,V,(t). The VCO phase at any instant is therefore 


6(t) = 2af,t + 2rk,fV{thdt + 6, (10-11) 


In terms of phase-locked loop behavior, it is clear 
from this derivation that the VCO integrates the 
input voltage waveform V,(t). Indeed, if the VCO 
inout is sinusoidal—V,(t) = V,cos 2aft—then the 
variation of 6,(t) is 


2k, [Vcos 2arft dt = (k,/f) V, sin2a ft 


= (k,/f)VAt) /—90° (10-12) 


This shows that the VCO’s ability to control the 
loop phase response is inversely proportional to the 
frequency of V,, and the 90° lag at all frequencies 
indicates a pure integrator (pole at f = QO). The 
loop frequency response of the VCO is sketched in 
Figure 10-18 where its gain Is theoretically infinite 
at f = O but is k, at w = 1 radian/second. 


PLL System Response 


In the last section the frequency response of each 
component in the loop was discussed except for 
the loop compensation filter (see Figure 10-19). 


| Lapeeeaen eae 
Loop 
filter 





V, (t) (Beat signal) 


‘a 


<—T —>| w = 2n/T 


log w 





99C | 


















Loop gain (dB) 


TT TTT 
iin SU TTECCOMEC CEC TUTTE 


—6 dB/octave 
<I i 20 dB/decade) 


N| I 
(kk =1) 100 1k 10 k 100 k 


FIGURE 10-20 Open-loop frequency response (Bode) plot, k,(w). 
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The phase detector is broadband relative to the fre- 
quencies (rates of change) within the loop. The 
cutoff frequency of the phase detector is deter- 
mined by its output resistance and the value of the 
bypass capacitor. This cutoff frequency is high for 
reasonably high VCO frequencies. Also, a very 
broadband amplifier is assumed. Given these con- 
ditions, then the loop frequency response will be 
limited by the VCO and Its integrating effect. For a 
phase-locked loop with no compensation filter (un- 
compensated loop), the overall open-loop fre- 
quency response is determined by the product of 
the individual component responses. The Bode plot 
for this loop versus the log of frequency w is 
sketched in Figure 10—20. The loop gain in decibels 
is derived from the product 2 am ky K, ky atw = 1 
radian/second, and the loop gain decreases as 
1/w—that is, at —6 dB/octave (— 20 dB/decade). 
Because of the one-to-one decrease in loop gain 
with frequency, the loop gain will be O dB (k, = 
1) at a frequency of k, radians/second. 

The frequency where the open-loop §$gain 
crosses through O dB Is referred to as the loop 
crossover frequency w,,. For the uncompensated 
loop,* the crossover frequency is equal to k,, that 
IS 


Woo = ky (10 -13) 


Closed-Loop Frequency Response 


and Bandwidth 


The closed-loop Bode plot for the uncompensated 
PLL is shown in Figure 10-21. Notice that when 
the system is operating closed-loop, the system 
gain is unity (O dB) up to frequencies approaching 
W,., then decreases at the open-loop rate of 6 dB/ 
octave; that is, unlike most negative-feedback am- 
olifier systems** that you have studied, a closed- 
loop PLL always has 100-percent feedback. 


*The uncompensated PLL is sometimes referred to as 
the “‘natural’’ loop response because no circuit components 
other than the VCO, PD and perhaps an amplifier are in- 
cluded in the “‘natural’’ loop. This term will not be used, 
however, in order to avoid confusion with the “‘natural”’ 
loop frequency of a second-order PLL. 

**Except for the voltage-follower op-amp. 
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As illustrated in Figure 10-21 for the PLL of 
Figure 10—19, the closed-loop Bode plot is flat for 
low frequencies in the loop, is down 3 dB at w,, 
then decreases at 6 dB/octave for high loop signal 
frequencies. Hence, for the uncompensated PLL, 
the bandwidth (one-sided) is 


BW = w,, = k, (10-14) 


This is the one-sided bandwidth because the PLL 
can track input signal frequencies that are above 
and below ff, of the VCO. The closed-loop Bode 
plot of the uncompensated PLL to input frequency 
deviations is thus seen to be Identical to that of a 
low-pass filter (LPF). In point of fact, the PLL is a 
“tracking filter,"’ and the VCO will track variations 
in the input frequency f; these input frequency 
variations produce a varying V, with internal-loop 
frequency w. 

So the uncompensated PLL, in which all cor- 
ners from loop components are well outside of the 
loop bandwidth k,, responds to input frequency 
changes like that of a first-order low-pass AC filter 
and we can write the closed-loop gain versus fre- 
quency as 


ky = 1/1 + fo/& 0) (10 -15) 


It also can be shown that the frequency-to-voltage 
transfer function Is 


Vif, = 2x/kA1 + jf.) (10-16) 


The cut-off or corner frequency for the closed-loop 
PLL is w,, and has a value equal to that of the loop 
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FIGURE 10-21 Open- and closed-loop frequency 
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gain k, (in radians/second) or f,, = W,,./2m (in 
Hertz). The proofs of these conclusions are given 
In Appendix D. 

Gaining insights into the frequency response 
of first- and second-order feedback systems can. 
require mathematics which we are avoiding here. 


EXAMPLE 10-2 
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The mathematics are not difficult however, so the 
derivations are given in Appendix D, and will be 
helpful before the following graphical description of 
the conclusions from that analysis. Incidentally, the 
conclusions are nicely confirmed using a 565 inte- 
grated circuit PLL in the circuit of Figure 10-35. 


Sketch the open-loop and closed-loop Bode plots for the loop of Example 
10—1. Make the sketch on semilog graph paper with frequency in radians/ 


second on the log axis. 


Solution: 


1. Since ky = O.1V/radian, k, = 5, and k, = —830 kHz/volt, the 
loop gain is k, = 2m(15 kHz/V) = 94.3k sec”'. Then k(dB) = 
20 log 94.3 X 10° = 99.5 dB at w = 1 rad/sec. The open-loop gain, 


sketched in Figure 10-22, is seen to intersect w = 1 rad/sec at 99.5 aB, 
decreasing at 20 dB/decade (6 dB/octave) and passing through 
O dB at w,, k, = 94.3k radians/sec. 

The closed-loop gain is also plotted in Figure 10-22. Notice that the 
system gain is O dB for low w, —3 dB atw = k,, and follows the open- 
loop gain curve at 6 dB/octave for high frequencies. 


LOQ-4 


FM AND FSK APPLICATIONS OF 
PLLs 


When a PLL has locked to an input signal, the VCO 
will follow slow changes in the input signal fre- 
quency 7. Suppose 7, increases by an amount 
Af,. In order for the loop to remain locked (f, = 
f), the VCO voltage must increase by AV, = 
Af,/k,. This voltage change is produced by the am- 


plified change in V,, which is produced by an in- 
creased phase difference, AO, = 2aAf/k,. 

As a specific example, suppose that an FM 
signal with carrier frequency f, is modulated to an 
index of m, = 4 by a 1-kHz sinusoid. From chapter 
9 we know that the carrier frequency will be de- 
viated above and below f, by an amount f = mf, 
= 4 X 1kHz = 4 kHz pk. If this FM signal is the 
input to a PLL with a VCO gain of k, = 10 kHz 
per volt and loop bandwidth much greater than 1 
kHz, then the VCO input voltage V, will be a 1-kHz 
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The initial 6 dB/octave (20 dB/decade) gain 
decrease is due to the integrating action of 
the VCO which has a pole at 0 rad/sec. This 
also gives 90° of phase shift to sinusoids. 
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FIGURE 10-22 Frequency response Bode plots. 
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sinusoid with a peak amplitude of AV, = Af/k, 
= (4 kHz pk)/(10 kHz/V) = 400 mV pk. Inciden- 
tally, this 400-mV (peak) sinusoid will be centered 
at a voltage determined by the difference between 
the VCO free-running frequency fg and the input 
carrier frequency f, as follows: V, = (f — frp)/k,. 
Care must be taken to insure that the peak fre- 
quency deviations do not exceed the loop hold-in 
range or the loop will break lock on peak excur- 
sions. The result will not be simple peak-clipping 
but will be a partial sinusoid with extreme distortion 
where the loop breaks lock and slips* cycles until 
the input frequency returns to within the lock range 
of the loop. For the uncompensated PLL, the lock 
range is the same as the hold-in range. 

If the modulation rate f,, is increased, the de- 
modulated output from the PLL will be attenuated 
and phase-shifted just as if it had passed through 
a low-pass filter with cut-off frequency f, = 
kK I20. 





*The phase-detector characteristic (Figure 10-5, for 
example) repeats every cycle (2m radians). Also, the loop 
cannot lock between 7/2 < 6, < 3 a/2 because the loop 
will have the wrong phase (regenerative). Consequently, 
when the loop breaks lock due to a transient or other ex- 
cessive input change, the system must slip one or more full 
cycles before relocking in a stable mode. This is called cycle 
slipping. 


EXAMPLE 10-3 


A PLL with k, = — 0.75 kHz/V, fig = 3.5 kHz, k, = 0.3184 V/rad, and k, 
= 5 is used as an FSK demodulator. The input signal has f; = 4 kHz, f, = 
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Frequency shift key (FSK) is the name for FM 
of an analog carrier by digital binary (two-state) 
pulses. The carrier frequency is instantaneously 
keyed from f, called SPACE, to f,,, called MARK. 
As discussed in chapter 13, f, is usually a higher 
frequency than fy, and is transmitted to convey a 
digital “O". The rate at which the carrier frequency 
is switched between f; and f,, is the same as the 
digital data rate (in bits/second) and is referred to 
as the baud rate after J.M.E. Baudot. 

The PLL can be used for digitally modulating 
FSK (using the VCO) and for demodulating FSK. 
Hence, the PLL can be used as an FSK modem— 
modulator/demodulator. 

As previously discussed, an uncompensated 
PLL behaves as a low-pass filter to input frequency 
shifts. Consequently, only low baud-rate FSK sig- 
nals will be accurately demodulated by an uncom- 
pensated PLL because the loop will be slow to re- 
spond to the input step-change of carrier 
frequency. Indeed, the time-constant for the volt- 
age (V,) is given by the inverse of the loop 


bandwidth, 
r= 1/e@,, = /k, (10 =17) 


in seconds. An example of this is given as Example 


10-3. 


2 kHz, and the modulation is shown in Figure 10—23A. As seen, the baud 


rate is 1333 bits/sec and the data is: - 


Sketch accurately the PLL output V,(t). 


Solution: 


For f, = fy = 2 kHz, V, = AR /k, = (f — 





fea)/k, = (2 KHz — 3.5 kHz)/ 


(—.75 kHz/V) = +2V. For f = f, = 4 kHz, V, = (4 kHz — 3.5 kHz)/ 

(—O0.75 kHz/V) = —0.67V. The loop time-constant is 7 = 1/k, = 1/(0.75 
kHz/V)(0.3 184 V/rad)(5)(2mrad/cycle) = 1/7502 = +r = 0.133 ms. It takes 
0.133 ms for V, to rise from —0.67V to 63 percent of the total voltage range 


NOISE 


1 


all 


FIGURE 10-23  FSK input (A) and demodulated output (B) of PLL. 


2—(—0.67) = 2.67V. 63 percent of 2.67V is 1.69V, so at time 7, V, = 
1.69V — 0.67V = 1.02V (see the plot of V, in Figure 10—23B). 


10-5 


NOISE 


The problem of noise in phase-locked loops will not 
be analyzed in any detail here, but a few comments 
will perhaps spawn interest in further study. 

The noise margin or maximum allowable peak 
noise deviation is determined by the PLL’s ability to 
remain locked. If a noisy input signal has frequency 
or phase deviations which exceed the hold-in range 
of the loop, the loop will break lock. The uncom- 
pensated (first-order) loop will reacquire quickly 
after the noise transient diminishes, but a great 
deal of distortion will be introduced if the PLL is 
being used as a demodulator. 

To get a quantitative idea of the loop noise 
margin, consider the results of Example 10-3 as 





seen in Figure 10—23B. The output voltage V, is 2 
volts for a transmitted MARK. How high can V, rise 
on a noise transient caused by a deviation of the 
MARK frequency or circuit variations of V, before 
the loop breaks lock? The static phase error when 
f= f, = 2kHzis0, =Af/k, = (2kHz — 3.5kHz)/ 
(1.19 kHz/rad) = 1.26 radians. However, for typ- 
ical phase detectors, the loop will break lock if 0, 
exceeds a/2 = 1.57 radians. Consequently loop 
transients which would cause 8, to increase by 
0.31 radians will result in a loss of lock—hopefully 
temporarily. In terms of voltages, V,(max) = 
k,Omax) = (0.3184V/rad)(1.57rad) = O.5V and 
Vmax) = 5 X 0.5 = 2.5V max. Since, as seen 
in Figure 10—23B, V{MARK) = 2V and we have 
calculated V,(max) = 2.5V, we see that the noise 
margin for V, will be V,.NM) = 0O.5V (peak). This 
can result from noise in the PLL itself, from the 
noise input signal-amplitude if no limiter precedes 
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the PLL, or from an input signal frequency deviation 
(due to noise) of AF(NM) = k, X V(NM) = 
(0.75 kHz/V)(O.5V pk) = 375 Hz, peak noise. 


1QO-6 


IMPROVING LOOP RESPONSE 


The results of the FSK demodulation example (see 
Figure 10-23) point out the disadvantage of an un- 
compensated PLL. The response is that of a first- 
order RC low-pass filter. For many applications, in- 
cluding the FSK demodulator, the uncompensated 
loop is too slow, and the response to a sudden 
change in input frequency (step response) pro- 
duces a very rounded V,. 

The loop response can be improved so that 
V, will have a shorter rise time. This is accom- 
plished by making the loop slightly regenerative and 
is called loop compensation. 

The simplest technique for compensating a 
PLL is to insert a phase delay network into the 
loop. The PLL of Figure 10-24 shows an AC lag 
network inserted in the loop between the phase 


f Phase 
comparator 
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detector and amplifier. The AC time-constant is 
chosen for optimum loop response in a given sys- 
tem application. 

The result of adding an RC integrator to a 
negative feedback loop which already has an inte- 
grator (the VCO), is to produce a second-order sys- 
tem. A second-order system with which you are 
already familiar is shown in Figure 10—25. This cir- 
cuit consists of a first-order RC network with series 
inductor added to produce a second-order net- 
work. If A is not too large, the circuit has a series 
resonance at a frequency 4, = 1/(2r\VLC)— 
called the undamped natural frequency—and as II- 
lustrated in Figure 10-25, a sudden step input 
voltage change will cause an initially sluggish V, to 
rise rapidly, and ring. The ringing will eventually 
dampen-out after a time determined by the circuit- 
Q, where Q = 2mf,L/R. Second-order systems 
are also characterized by a quantity called the 
damping factor (or damping ratio) 6, and is related 


to OQ by 
6 = 1/2Q (10 -18) 


If R is large enough so that 6 > 1, there will be 
no ringing but the rise-time will be poorer than the 
first-order circuit. A damping factor of unity is the 


4k 





FIGURE 10-24 PLL with RC (lagging phase) compensation network. 


IMPROVING LOOP RESPONSE 


critical damping value and for values greater than 
this, the system is over-damped. 

second-order feedback systems such as the 
PLL shown in Figure 10—24 must be carefully de- 
signed to produce an appropriate dynamic re- 
sponse to a sudden input change. For example, an 
underdamped FSK demodulator can overshoot the 
desired output voltage value and ring violently dur- 
ing each digital binary transition. Such a response 
would make the PLL system useless for this appli- 
cation. On the other hand, if the values of R and C 
in the loop filter are chosen properly, the compen- 
sated PLL will be designed to rise rapidly, have no 
overshoot, and settle at the final steady-state volt- 
age without ringing thereby producing a much 
more satisfactory demodulator than the uncom- 
pensated PLL. 


Determining Loop Stability and 
Dynamic Behavior Using the Bode 
Plot 


The sinusoidal frequency response plot (Bode plot) 
yields a great deal of information for determining 
the dynamic behavior of feedback systems. For in- 
stance, the open-loop Bode plot of the uncompen- 
sated first-order PLL of example 10-3 (Figure 
10-26) shows a single 6-dB/octave slope, and the 
crossover frequency is the same as w, = ky = 
7.5 k rad/sec. The corner responsible for the 6-dB/ 
octave roll-off is at f = O and is due to the inte- 
grating effect of the VCO. Such a pure integrator 
also causes a 90° phase lag. 

A system with negative feedback has 180° 
of phase delay built into the loop. If any of the cir- 
cuits in the loop, such as a loop compensation net- 
work, increases phase shift close to 180° at fre- 
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FIGURE 10-25 Step 
response in underdamped 
second-order circuit (RLC 
low-pass). 


quencies for which positive loop gain exists, the 
loop will have marginal stability and be regenera- 
tive. If the additional phase shift is greater than or 
equal to 180° within the loop bandwidth, the sys- 
tem is unstable and will oscillate. 

The uncompensated PLL, with its 90° addi- 
tional phase delay due to the integrating effect of 
the VCO, will have a phase margin of 180° — 90° 
= -+90° and is not at all regenerative, as seen by 
the step response of Figure 10-23. However, a 
loop-compensating lag network will produce addi- 
tional phase delay, and the phase margin can be 
considerably less than 90°. Indeed, reducing the 
phase margin is precisely what the compensating 
network is designed to do. However, the phase 
margin must not be allowed to be less than about 
40° for most applications or the system will be too 
underdamped and ring excessively after sudden 
inout changes. 

Figure 10-27 shows the overshoot of the 
final (steady-state) value V,(ss), and ringing for var- 
ious values of loop-phase margin. 


Phase Margin 


Phase margin (P.M.) is determined at the loop 
crossover frequency (k, = 1, that is, O dB) and is 
the maximum amount by which the total loop 
phase shift could be increased before the onset of 
oscillations. Hence, P.M. is a measure of loop sta- 
bility; Figure 10-27 shows the extent of overshoot 
and ringing for a loop with known phase margin. 
The phase margin is computed for a second- 


order loop with lag compensation as follows: 
PM. = 180° — [90° + tan” '(w,,/w,)] (10-19) 


where w, = 1/AC is the cutoff frequency of the 
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FIGURE 10-27 Secona- 
order loop response to step- 
change of input frequency. 
V.(ss) = Af/k, is the final 
(steady-state) value of VCO 
input voltage. The loop- 
damping factor is 6, P.M. is 
loop phase margin based on 
the Bode asymptotic 
approximation, and w, is the 
natural undamped frequency 
of the loop in radians/ 
second. 


lag network, and w,, Is the loop crossover fre- 10-19 is the phase shift due to loop components. 


quency determined from the Bode plot (see Figure The 90° is due to the VCO, and the arctangent of 
10-28). w.,/wW, gives the phase lag at the loop crossover 
The quantity inside the brackets of equation frequency due to the AC loop compensating filter. 


EXAMPLE 10-4 


Determine the phase margin for the loop of example 10-3 if an RC low-pass 


filter is inserted between the phase detector and op-amp. R = 6.8 kQ) and 
Cc = 0,03 pF. 


Solution: 





First make the Bode plot. From example 10-3, k, = 0.75 kHz/V X 0.3184 
V/rad X 5 X 2m (rad/cycle) = 7.5 k sec’ '. K{dB) = 20 log k, = 20 log 
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FIGURE 10-28 OQOpen-loop Bode plot, PLL with RC filter lag network. 
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all 


7.5 X 10° = 77.5 dB at 1 rad/sec. Also, w,, = k, = 7.5 k rad/sec. This 
is plotted in Figure 10-28 on semilog paper. The points k{dB) = 77.5 dB 
and k, = 7.5 k rps are joined with a straight line. This gives the Bode plot of 
the uncompensated loop and is seen to drop at 20 dB/decade (6 dB/octave). 
Next, w, = 1/RC = 1/(6.8k X 0.03 X 10°) = 4.9 k rad/sec is marked 
on the uncompensated Bode plot, and the loop rolls off at 40 dB/decade (12 
dB/octave) from this point. This line passes through the crossover point 
[k(dB) = O dB] at approximately w,, = 5.8 k rad/sec. From equation 
10-19, P.M. = 90° — tan”! (5.8 k/4.9 k) = 40°. For the second-order 
loop with P.M. = 40°, Figure 10-27 indicates that 6 ~ 0.4. The amount of 
overshoot (25 percent, or 2 dB) and ringing is evident from the curve. How- 
ever, an accurate sketch of the demodulated FSK signal requires working with 
the time scale, and w, has not yet been defined. 





Damping and Undamped Natural 
Frequency 


For the second-order PLL with a simple lag net- 
work such as that shown in Figure 10-24, the loop 
damping factor can be determined by sketching 
the open-loop Bode plot, calculating the phase 
margin, and getting 6 from the curves of Figure 
10-27. However, a more direct approach is to use 
the results of the PLL system analysis of Appendix 
D by computing the damping factor from 


6 = (1/2) Vw,/k, 


where w, = 1/RC is the cutoff frequency of the 
loop filter. 

It is clear from equation 10—20 that the loop 
damping is determined by the location of w, with 
respect to w = k,. Indeed, if w, is set by AR and C 
to be exactly equal to k,, then 6 = O.5. Also, to 
achieve 6 = 0.707, which gives optimum damping 
for most applications, w, Must be set exactly one 
octave above k,—that is, w,/k, = 2. 

If the loop phase margin is reduced to zero, 
the damping factor becomes zero and the loop will 
oscillate continuously. The frequency of oscillation 
is called the undamped natural frequency (w,) and 
is found to be the geometric mean of w, and K,. 
Thus, 


(10-20) 


w, = Va-k, 


(10-21) 


This undamped natural_frequency has the same 
meaning as w, = Wy iC for a tuned circuit. 

Care must be taken in the system design to 
choose a loop damping factor which prevents the 
overshoot of V, from exceeding a value which 
would cause the loop to break lock. For instance, 
Figure 10-29 illustrates the results for the demod- 
ulator of example 10-3 If the PLL has a damping 
factor of 6 = 0.40. Note that the initial overshoot 
has caused V, to exceed the 2.5 V, which was 
previously determined to be the maximum value of 
V, for the hold-in range. Consequently, the loop will 
break lock and behave in a very complex manner 
as a combination of nonlinear FM with beating at f 
= 3.5 kHz — 2 kHz = 1.5 KHz, and attempts at 
loop acquisition in an underdamped second-order 
system. 

The loop filter time-constant must be de- 
creased in order to increase the damping factor so 
that the peak overshoot will not exceed 2.5 volts 
at V,. Recall from example 10-3 that the full step 
in V, is from —O.67V to +2V. With V, rising to 
+2.5V, the overshoot is (2.67V + 0.5)/2.67V = 
1.19 or a 19-percent overshoot. The ringing curves 
of Figure 10-27 indicate that for V,/V,(ss) = 
1.19, the damping must be greater than approxi- 
mately 0.46. Indeed, a damping factor of 6 = 0.5 
would show V, rising only to 2.4 volts (a 15-per- 
cent overshoot), and therefore the system will be 
able to follow the swings of V,. 
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FIGURE 10-29 _ Aesult of 
overshoot causing the loop 
to exceed the hold-in range. 


Rise in Loop Frequency Response 


In addition to the overshoot and ringing for a step 
change in input frequency as seen in Figure 
10-27, an underdamped second-order loop also 
shows its regenerative nature for sinusoidal varia- 
tions of Input frequency. 

Figure 10-30 shows a rise peaking near w,, 
in the otherwise flat frequency response for under- 


Closed -loop frequency response 


FIGURE 10-30 Closed- 

loop frequency response of 
second-order loop. 

Frequency axis is normalized 0.1 
to w,, the undamped natural 0.1 
frequency of the loop. 
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Assumed 
reacquisition 





damped second-order feedback loops. The peak is 
found to occur at a frequency given by 


w=, V1 — 26 


and the relative rise of the closed-loop gain reaches 
a peak value of 


(10-22) 


1/(26 V1 — 67) 


(10-23) 
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Thus, these curves give the output frequency re- 
sponse of a PLL used as an FM demodulator. 
There will be undesirable high-frequency 
peaking if the loop phase margin is less than 64°, 
which corresponds to a damping factor of 6 = 
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An example is now provided to demonstrate 
the use of Figures 10-27 and 10-30 for deter- 
mining the closed-loop sinusoidal frequency re- 
sponse and dynamic behavior of a second-order 
PliLe 


OLZU7, 


EXAMPLE 10-5 


The loop of examples 10-3 and 10-4 has k, = —O./5 kHz/volt, k, = 
7.5 k sec” ', and a loop filter of R = 6.8 kQ, C = 0.08 uF (w, = 4.9 k rad/ 


Sec). 


i 


2x 


Determine the damping factor and undamped natural frequency (in rad/ 
sec and Hz). 


Plot the open-loop and closed-loop frequency response of this loop used 
as an FM demodulator. 


Make an accurate sketch of V, for input step changes of frequency 3/5 
Hz below and above ff, to show the dynamic behavior for an FSK 
demodulator. 

Determine the value of R which will compensate the loop for 6 = 0.707, 


and sketch, using dots, the step response on the same sketch as part 
9 


Solution: 


1. 


i= 


Y Vw/k, = 05 V4.9k/7.5k = 0.4. wo, = Vw.k, = 
(4.9 k)(7.5 k) = 6.1 k rad/sec. 


k(dB) = 77.5 dB. Since w, is known, the horizontal axis can be denor- 
malized for our specific problem. The peak of the closed-loop re- 
sponse is 20 log [1/(26 V1 — 6°] = 2.6 dB atw = 0.82 w, = 
5.0 k rps. The closed-loop response showing the peaking is seen in Fig- 
ure 10-31. 


For Af = +0.375 kHz, V.(ss) = Af/k, = —0.375/—0.75 = + 
O.5V. The axes of Figure 10—27 are denormalized as follows: Vertica-— 
1 is now 0.5 volts; therefore each number on the vertical axis is divided 
by 2 and read in volts. HorizontalI—w, = 6.1k rad/sec or simply eee: 
therefore, w,t = 1 gives t = 1/6100 = 0.164 milliseconds, and so 
forth with other values of w,t. The sketch for 6 = 0.4 is shown in Figure 
10-32 for a 4.5-ms long, unity duty-cycle (squarewave), FSK signal. The 
peak of the 0.4 damping factor curve of Figure 10-27 Is seen to over- 
shoot the full step value (1 volt total) by 27 percent at w,f = 3.5. Hence, 
V, will reach 0.77 V (1.27 V — 0.5 V) at t = 0.57 ms. 


The R must be changed to produce a cutoff frequency determined from 
equation 10-20 with 6 = 1/\/2. Hence, w, = 46° k, = 4(0.707) X 
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FIGURE 10-31 Frequency response of FSK demodulator showing peaking due 
to slightly regenerative loop (6 = O.4). 
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FIGURE 10-32 Response of 2nd-order PLL to input frequency step changes. 
(A) is ideal, (B)6 = 0.4, and (C)6 = 0.707. 
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75krps = 15k rad/sec. Since w, = 1/RC, then R = 1/(15 X 10°) 
xX (0.03 X 107°) = 2.2 k. The resultant sketch of V,(t) for 6 = 0.707 
is shown dotted in Figure 10-32. 





Switching and Settling Time 


The results of example 10—5 (Figure 10-32) show 
the overshoot and ringing which occurs for the PLL 
compensated for 6 = 0.4 and 0.7. The greater 
rise-time associated with a small damping factor 
makes underdamping attractive for some applica- 
tions. However, most applications in which the PLL 
is switched from one condition to the next will also 
have a required maximum settling time. 

The settling time is the time it takes for the 
system to settle to within a specified percentage 
of the final steady-state value. For example, sup- 
pose that the application for which the PLL of ex- 
ample 10—5 is used requires that the system must 
be 0.5 V + 10 percent within 750 us of the input 
frequency transition. The plot of V,(t) in Figure 
10-32 shows that, while the 6 = 0.4 response 
rises to 450 mV in about 320 us (compared to 475 
us for the 6 = O.7 response), the underdamped 
PLL will then exceed the upper specification limit 
of 550 mV, overshoot all the way to 7/0 mV, and 
not be settled to within 500 mV + 50 mV until 
1.1 ms after the input switching instant. Meanwhile 
the 6 = 0.7 response does not exceed +50 mV 
at any time after 4/5 us. 

Clearly, the PLL with 6 = 0.7 will easily meet 
the specifications, but 6 = O04 is too lightly 
damped and the A or C of the loop compensation 
network must be decreased in value to improve the 
damping. 

Use of the universal second-order response 
ringing curves of Figure 10-27 will allow the de- 
termination of the range of damping factors which 
will be suitable to meet overshoot and settling-time 
requirements. You can use Figure 10—27 for Ex- 
ample 10—5 to show that the damping factor must 
be greater than 0.6. Also notice that an over- 
damped loop may not meet specifications either. 


Figure 10-27 will show that 6 = 1.0 will just meet 
the settling-time requirement, but loops more over- 
damped will be too slow. If the O.03-uF capacitor 
of example 10-5 (k, = 7500 rad/sec) is used for 
compensation and equation 10-20 is combined 
with w, = 1/RC, then FR is determined to be be- 
tween 1.1 k and 3.1 k in order to meet the settling- 
time requirements. 


LQ-/ 


PHASE-LOCKED LOOP 
COMPENSATION 


Improving the response of PLLs has been dis- 
cussed for the technique called Jag compensation. 
The effect of lag compensation was to produce a 
second-order system whose phase margin could 
be controlled with the RC time-constant (pole 
compensation). There is a fundamental limitation to 
lag compensation because, for some applications, 
not enough system characteristics can be defined 
independently; that is, if the loop gain and damping 
factor (overshoot and ringing characteristics) are 
defined, then the loop bandwidth is out of our con- 
trol—it cannot be set independently of k, and 0. 

There is a loop compensation technique 
called lead-lag compensation, which permits the in- 
dependent control of all three characteristics, k,, 
6, and loop bandwidth. 


Lead-Lag Compensation 


Lead-lag compensation allows us to control all the 
loop parameters—k,, 6, and bandwidth B—inde- 
pendently. This is necessary in applications such as 





282 


demodulators, tracking filters, and coherent receiv- 
ers,* where the noise bandwidth as well as the 
loop response are important. Since most applica- 
tions call for 6 = 0.707, a simple graphical solution 
is given for determining the values of A,, Ry, and C 
in the lead-lag network shown in Figure 10-33. 
The complete design procedure is as follows: 


1. Determine the loop gain parameters ky, Ku, 
and k, from IC manufacturer’s data sheets; or 
better yet, measure them. 


2. After k, is calculated, draw the uncompen- 
sated loop Bode plot on semilog paper with 
frequency w on the log scale, starting with k, 
(in dB) on the linear vertical scale atw = 1 
rad/sec. Mark k, (rad/sec) on the frequency 
axis, and draw a straight line connecting this 
point and k\dB). Continue this 20-dB/decade 
line to the bottom of the page. [This proce- 
dure is more accurate than moving down 20 
dB and over 1 decade from k,dB).] 


3. Mark the desired loop bandwidth B (in radi- 
ans/second) on the O-dB axis. Please remem- 


*See Figure 10-1. 


FIGURE 10-33  Lead-lag 
compensation network. 
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ber that this is the one-sided bandwidth. 
since the loop operates for f on either side 
of the loop center frequency fp, the system 
3-dB noise bandwidth is 2B rad/sec. 


From the point of part 3 marking the loop 
bandwidth B, construct a —6-dB/octave line 
and mark w, on this line at (B/2, + 6dB): that 
IS, W. iS at +6 dB loop-gain and one octave 
below B. This frequency, read on the hori- 
zontal axis, determines the values of A, and 
C while establishing 6 = 0.707. The proce- 
dure Is to choose an arbitrary, but convenient, 
value for C (0.01—1.0 wF) and compute A, 
from 


W. = 1/R,C 


or Fy = 1/a,C = 2/(BC). (10-24) 
Now, from the point on the Bode plot of part 
4 (w,), construct a straight line up at —40O 
dB/decade (12 dB/octave) until it intersects 


the line drawn for the uncompensated loop 
response. The point of intersection is w,, 
which is read from the horizontal axis. 

The lead-lag compensation design for 6 
= 0./07 is completed by calculating the 
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FIGURE 10-34 Bode plots of uncompensated and lead-lag compensated 
phase-locked loop. 
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FIGURE 10-35 PLL measurement circuit using LM565CN integrated circuit. 


value of RA, from 


@, = WLR, - AIC] (10-25) 


or R, = 1/w,C — Ra. Finally, it must be re- 
alized that RA, includes the output impedance 
R, of the phase detector, so the value of re- 
sistor to add in series is Az = FR, — Ag. 


This completes the fully compensated phase- 
locked loop. An example is shown in Figure 10—34 
for k, = 126000 rad/sec (102 dB at 1 rad/sec) 
and B = 1000 rad/sec. 

A circuit example for demonstrating lead-lag 
compensation in the laboratory is shown in Figure 
10-35 using the LM 565 PLL IC of Figure 10-36. 
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FREQUENCY SYNTHESIZERS 


A frequency synthesizer is a variable-frequency 
generator with crystal-controlled stability. Synthe- 
sizers are used for instrumentation, automatic test 


equipment, and communications systems, as well 
as the more common uses—push-button TV chan- 
nel selection, synthesized amateur tranceivers, and 
CB scanners. 

Frequency synthesizers are used in multi- 
channel communication links for generating stable 
transmitter carrier frequencies and stable local os- 
cillator frequencies for receivers. Typically, channel 
selection is guided by microprocessor control of 
digital logic gating circuits or synchronous 
counters. 

There are two basic approaches to frequency 
synthesis—direct and indirect. For direct fre- 
quency synthesis, the output signal is derived by 
combining multiple crystal-controlled oscillator out- 
puts or a single crystal oscillator with multiple-di- 
vider/comb-generator sections. Various combina- 
tions are digitally switched in, and the unwanted 
spurious subharmonics are filtered out. This ap- 
proach can be very fast, limited only by the digital 
switching logic and pulse response of the output 
filters. 

The indirect synthesis approach relies on a 
spectrally pure VCO and programmable phase- 
locked loop circuitry. While slower than the direct 


LM565/LM565C 










National 
Semiconductor 


General Description 


The LM565 and LM565C are general purpose phase 
locked loops containing a stable, highly linear volt- 
age controlled oscillator for low distortion FM 
demodulation, and a double balanced phase detec- 
tor with good carrier suppression. The VCO fre- 
quency is set with an external resistor and capa- 
citor, and a tuning range of 10:1 can be obtained 
with the same capacitor. The characteristics of the 
closed loop system—bandwidth, response speed, 
capture and pull in range—may be adjusted over a 
wide range with an external resistor and capacitor. 
The loop may be broken between the VCO and 
the phase detector for insertion of a digital fre- 
quency divider to obtain frequency multiplication. 


The LM565H is specified for operation over the 
-55°C to +125°C military temperature range. The 
LM565CH and LM565CN are specified for opera- 
tion over the O°C to +70°C temperature range. 


Features 
® 200 ppm/°C frequency stability of the VCO 
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Industrial Blocks 


@ Power supply range of +5 to +12 volts with 
100 ppm/% typical 
B@ 0.2% linearity of demodulated output 


® Linear triangle wave with in phase zero crossings 
available 


@ TTL and DTL compatible phase detector input 
and square wave output 


@ Adjustable hold in range from +1% to > 460%. 
Applications 


Data and tape synchronization 
Modems 

FSK demodulation 

FM demodulation 

Frequency synthesizer 

Tone decoding 

Frequency multiplication and division 
SCA demodulators 

Telemetry receivers 
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Coherent demodulators. 
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Applications Information 


In designing with phase locked loops such as the 
LM565, the important parameters of interest are: 


FREE RUNNING FREQUENCY 


1 
~~ £7 Rabe 


oa” 
l 


LOOP GAIN: relates the amount of phase change 
between the input signal and the VCO signal for a 
shift in input signal frequency (assuming the loop 
remains in lock). In servo theory, this is called 
the ‘‘velocity error coefficient’. 





1 
Loop gain = KoKp (= 
" “1 . (restens/see) 
o = oscillator sensitivity ree 
ee Sach re (ors | 
ob = phase detector sensitivity Sash 


The loop gain of the LM565 is dependent on 
supply voltage, and may be found from: 


32.6 ty 
Ve 
f, = VCO frequency in Hz 





< 
oO 
i] 


total supply voltage to circuit. 


Loop gain may be reduced by connecting a resistor 
between pins 6 and 7; this reduces the load imped- 
ance on the output amplifier and hence the loop 
gain. 


HOLD IN RANGE: the range of frequencies that 
the loop will remain in lock after initially being 
locked. 





St. 
= ob 
fy ie 
f, = free running frequency of VCO 
V. = total supply voltage to the circuit. 


THE LOOP FILTER 


In almost all applications, it will be desirable to 
filter the signal at the output of the phase detector 
(pin 7) this filter may take one of two forms: 





Simple Lag Filter 


Lag-Lead Filter 


A simple lag filter may be used for wide closed 
loop bandwidth applications such as modulation 
following where the frequency deviation of the 
carrier is fairly high (greater than 10%), or where 
wideband modulating signals must be. followed. 
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FIGURE 10-36 





The natural bandwidth of the closed loop response 
may be found from: 





Associated with this is a damping factor: 


1 1 
ete em “Pca Pe tS 
2/ RC, K Kp 


For narrow band applications where a narrow noise 
bandwidth is desired, such as applications involving 
tracking a slowly varying carrier, a lead lag filter 
should be used. In general, if 1/R,C,; < KoKg, 
the damping factor for the loop becomes quite 
small resulting in large overshoot and possible 
instability in the transient response of the loop. 
In this case, the natural frequency of the loop 
may be found from 


1 / KoKp 
f, = a> oe 
27 T, + To 
T1 +72 = (Ry + Ro) Cy 


Ro is selected to produce a desired damping factor 
6, usually between 0.5 and 1.0. The damping 
factor is found from the approximation: 


6 = TT2f, 


These two equations are plotted for convenience. 
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Filter Time Constant vs Natural Frequency 
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Damping Time Constant vs Natural Frequency 


Capacitor Cz should be much smaller than C, since 
its function is to provide filtering of carrier. In 
general Co < 0.1 Cy. 


(Continued.) 








Absolute Maximum Ratings 





Supply Voltage +12V 
Power Dissipation (Note 1) 300 mW 
Differential Input Voltage +1V 
Operating Temperature Range LM565H -55°C to +125°C 

LMS565CH, LM565CN 0°C to 70°C 
Storage Temperature Range -65°C to +150°C 
Lead Temperature (Soldering, 10 sec) 300°C 










Electrical Characteristics (ac Test Circuit, Ts = 25°C, Ve = +6V) 


PARAMETER CONDITIONS 


Power Supply Current 







Input Impedance (Pins 2, 3) —-4V < V2, V3 <0V 






















VCO Maximum Operating 
Frequency 






Cy = 2.7 pF 





Operating Frequency 
Temperature Coefficient 


Frequency Drift with 
Supply Voltage 


Triangle Wave Output Voltage 
Triangle Wave Output Linearity 
Square Wave Output Level 
Output Impedance (Pin 4) 
Square Wave Duty Cycle 
Square Wave Rise Time 
Square Wave Fall Time 
Output Current Sink (Pin 4) 
VCO Sensitivity 






fy = 10 kHz 





Demodulated Output Voltage 
(Pin 7) 





+10% Frequency Deviation 









Total Harmonic Distortion 





+10% Frequency Deviation 





Output Impedance (Pin 7) 
DC Level (Pin 7) 


Output Offset Voltage 
IV, -Vel 













Temperature Drift of IV7 - Ve! uVvi°Cc 








AM Rejection dB 





Phase Detector Sensitivity Kp V/radian 






Note 1: The maximum junction temperature of the LM565 is 150°C, while that of the LM565C 
and LMS65CN is 100°C. For operation at elevated temperatures, devices in the TO-5 package must 
be derated based on a thermal resistance of 150°C/W junction to ambient or 45°C/W junction to case. 
Thermal resistance of the dual-in-line package is 100°C/W. 
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FIGURE 10-36 (Continued.) 
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Typical Performance Characteristics 


Power Supply Current as a Lock Range as a Function 
Function of Supply Voltage of Input Voltage VCO Frequency 


100K 
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VCO Frequency as a 
Phase Shift vs Frequency Function of Temperature 





Oscillator Output Waveforms 
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FIGURE 10-36 (Continued.) 
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approach and susceptible to FM noise on the VCO, 
indirect frequency synthesis using the phase-lock 
principle is less expensive, requires much less fil- 
tering, and offers greater output power with lower 
spurious subharmonics. 


Direct Frequency Synthesizers 


Two examples are given to illustrate the direct syn- 
thesis approach for synthesizing a variable fre- 
quency signal source from oscillators with quartz- 
crystal frequency stability—that Is, with less than 
+ 10 ppm over a wide environmental temperature 
range. 

Figure 10-37 shows a block diagram of an 
approach which uses a single-crystal reference Os- 
cillator and dividers to provide a fine resolution of 
the discrete output frequencies. Resolution is the 
smallest difference possible between two frequen- 
cies at the synthesizer output. 


X1X2 


Comb | 
generator 


X12 


Master reference 


64 kHz 
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Figure 10-37 shows a high-stability, 64-KHz 
master reference oscillator followed (horizontally) 
by a comb generator, which is a circuit used to 
produce a pulse rich in harmonics of the 64-kKHz 
input signal. A harmonic-selector filter controlled 
by tuning logic is tuned to the desired harmonic 
and rejects all other spurious outputs. If the syn- 
thesizer consisted only of this group of blocks, the 
resolution would be 64 kHz because the output can 
be switched only to the various harmonics of the 
64-kHz master reference. 

In order to improve the resolution and thereby 
achieve a finer separation between the possible 
output frequencies, a divide-by-16 circuit is used 
with a comb generator and selector filter to pro- 
duce 4-kHz frequency steps. The selected frequen- 
cies from the upper and lower harmonic-select fil 
ters are mixed to produce sum and difference 
frequencies, and the output (switchable) filter 
passes the desired output frequency. The resolu- 


0,64, 128,...kHz 


Harmonic 
selector 


filter 


+16 Tuning ee _| Switchable f 
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FIGURE 10-37 Direct synthesizer. 
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tion, or smallest possible discrete frequency step, 
is now seen to be 4 kHz. For instance, with N, = 
2, N, = 2, and the output filter passing the mixer 
sum, then f, = 128 kHz + 8 kHz 136 kHz. 
The next higher output frequency would be 140 
kHz. 

The addition of more divider/comb-genera- 
tor/harmonic-filter/mixer combinations will provide 
for finer resolution of the output frequency. This is 
illustrated in the block diagram with dashed lines, 


VY 
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producing a synthesizer with 1 kHz resolution and 
an output frequency range from 1 kHz to perhaps 
828 kHz, assuming that all of the comb generators 
can operate up to times-twelve. The resolution is 
seen to be equal to the fine reference frequency. 
A multicrystal, direct-synthesis scheme for 
producing the transmit carrier and two receiver 
local oscillators for a 23-channel citizens band 
transceiver is shown in Figure 10-38. This synthe- , 
sizer is a 6-4-4 crystals/oscillator scheme (a 6-4-2 
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FIGURE 10-38 Frequency synthesis (6—4—4) for 23-channel CB transceiver. 
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scheme is also used) and, when tuned to emer- 
gency CB channel 9 (27.065 MHz carrier fre- 
quency), crystals 3, 7, and 11 are used. With the 
receiver oscillator off, crystals 3 and 11 produce 
the transmit carrier — 37./00— 10.635= 27.065 
MHz. With the receiver oscillator on and the trans- 
mit oscillator off, the first and second local oscil- 
lators for this double-conversion receiver are pro- 
duced by the synthesis and receiver oscillators as 
follows: 
37.700 MHz from the synthesis oscillator 
with Xtal-3 is the 1st-LO frequency. Thus, the 
Ist-IF frequency is 37./00 — 27.065 MHz 
= 10.635 MHz, so that FM receiver IF trans- 
formers can be used. The receiver: oscillator 
with Xtal-7 (10.180 MHz) is the 2nd-LO, and 
the 2nd-IF frequency is 10.635 MHz — 
10.180 MHz = 455 kHz, so that AM re- 
ceiver IF transformers can be used. 


Phase-Locked Synthesizers 


The most frequently used technique for frequency 
synthesis is the indirect method utilizing a voltage- 
controlled oscillator in a programmable PLL. The 
simplest system is the one-loop synthesizer of Fig- 
ure 10-39, consisting of a digitally programmable 
divide-by-N circuit used to divide the VCO output 
frequency for comparison with a stable reference 
SOUICE. 


PD 
Very stable Lear 
reference 
filter 
frequency 












+N 
frequency 
divider 


Digital 
control 
input 
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The VCO provides the synthesizer output sig- 
nal at frequency f, and is phase-locked to the sta- 
ble reference signal. The reference frequency fier IS 
usually derived by dividing-down the frequency of 
a stable crystal- (or even cesium-) controlled oscil- 
lator. This insures that the reference is extremely 
stable because frequency division reduces absolute 
frequency deviations just as multiplication will in- 
crease them. | 

The digitally programmable frequency-divider 
output, £,/N, is determined by the value of N se- 
lected by the user and is compared to the refer- 
ence signal in the phase detector (PD). When the 
loop is locked for a specific value of NV, then f,/N 
= f,, by definition of phase-locked; therefore the 
synthesizer output Is 


f, = Nf; (10-26) 


The divider can be a simple integer divider such as 
the 74192 programmable up-down counter, or 
noninteger divider systems* such as the fractional- 
N method (producing f, = (N + 1/M)f..) and the 
two-modulus prescaler circuit (MC12012, for ex- 
ample) using a technique called pulse-swallowing. 


*For an excellent presentation of divider techniques 
see chapter 6 of W. F. Egan, Frequency Synthesis by Phase 
Lock. New York: Wiley-Interscience, 1981. 


is 
synthesizer 


output 


FIGURE 10-39 Phase- 
locked frequency 
synthesizer. 
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For our purposes, only integer dividers are 
considered. | 

The loop gain for the simple PLL synthesizer 
of Figure 10-39 Is 


k, = ksko/N (10-27) 


It is Important to realize that the frequency-divider 
circuit reduces the loop gain so that the other loop 
components need to have relatively higher gain 
than the conventional PLL. A more troublesome 
design problem however is that, as NV changes, so 
does the loop gain. There are linearizer circuits to 
ameliorate this problem. 








FIGURE 10-40 
Microprocessor-controlled 
LO synthesizer for T.V. 
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VHF or UHF 
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Figure 10-40 shows the use of a prescaler 
(perhaps MC 1678 ECL dividers) in a one-loop syn- 
thesizer used for push-button TV channel selection. 
The VHF local oscillator (LO) frequency is greater 
than 100 MHz, so high frequency emitter-coupled 
logic (ECL) dividers are used to prescale the VHF 
signal below 1 MHz where low-cost TTL or CMOS 
technology can be used. The prescaler will reduce 
the resolution by an amount equal to the prescale 


division ratio P. Hence 
resolution = Pf; (10-28) 


with a prescaler. 
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The microprocessor-controlled WHF 
phase comparator with k, = 1 
3.5 kQ. Determine the following: 


LO synthesizer of Figure 10-40 has a 
V/rad and an output impedance of 





té. aap 


2. WN for the TV to receive channel 5 (f4 = 123.000 MHz). 
3. The synthesizer frequency resolution. 
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2D. 


Loop gain and value of capacitor to compensate the loop to 6 = 0.5 
and have the VCO frequency within = 10 percent of its specified value 
in less than 10 ms after selection of channel 5. (Assume that the max- 
imum frequency step at the phase detector is within the loop 
bandwidth.) 

What value must the VCO sensitivity be? 


Solution: 





faa = fo (3580 = 3583.5 kHz/3580 = 1.00098 kHz. 
f, = 266Nf.; therefore N = 123.000 MHz/[(256)(1.00098 kHz)| = 
480. 


With the prescaler, the resolution will be Pf = 256f,., = 256.25 kHz. 
To prove this, change the programmable divider to N + 1 = 481, and 
compare the new f, to the old. 


f£(N + 1) = 1.00098 kHz & 256 X 481 = 123256.67 kHz 
f,(N) = 1.00098 kHz X 256 X 480 = 123000.42 kHz 
Resolution = f£,(N + 1) — Nf, = 256.25 kHz 


With the assumption stated, the loop will lock up unaided (without fre- 
quency-sweep circuitry); hence, we use the universal overshoot and ring- 
ing curves of Figure 10-27. V, must stay within relative values 0.90 and 
1.1 (+10 percent) on the 6 = 0.5 curve. This is satisfied by w,t = 
46. With t = t, = 10 ms, we need the loop to have w, = 4.6/10 ms 
= 460 rad/sec. Since 6 = 0.5 Vw,/k,, then w, = k, for 6 = 05. 
Also w, = Vw,k,, so that w, = w, = k, = 460 rad/sec. 

A capacitor is placed across the phase detector output (RA, = 
3.5 kQ) to form the lag-compensation network. C = 1/w,R = 1/(460 
X 3500) = 0.62 pF. 
k, = 2mk,k,/N = 460 rad/sec. Therefore, k, is required to be k, = 
Nk,/2ak, = (256 X 480)(460)/27(1V/rad) = 9 MHz/V. This figure 
is not unrealistic for a 123 MHz VCO. 
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Translation Loops and Multiple-Loop 
Synthesizers 


One technique used to reduce a high-frequency 
VCO output to reasonable frequencies without a 
prescaler, and to provide a frequency off-set, Is 
shown within the dashed area of Figure 10-41. 


Figure 10-41 is the receiver block diagram for a 
PLL synthesized citizen band transceiver with delta 
tuning for fine-frequency adjustments. The mixer 
and 35.42-MHz crystal oscillator translate the VCO 
frequency range from 37.66-37.95 MHz down to 
2.24—2.53 MHz for input to the programmable di- 
vider. Notice that the reference oscillator also pro- 
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vides the second LO for the double-conversion 
receiver. 

Multiple-loop synthesizers combine all of the 
techniques discussed thus far. The addition of 
more loops increases the resolution and frequency 
coverage; the individual loops also act as tracking 
filters to reduce unwanted mixer products and spu- 
rious Output components. Ideally, double-balanced 
mixers are used throughout. Figure 10-42 illus- 
trates the basic multiple-loop synthesizer for n 
loops. If the mixer outputs are filtered to pass the 
difference frequency and the output frequency of 
each VCO is lower for higher n, the synthesizer 
output frequency can shown to be 


ts = Fal Nj + N/M, + Pie See, N,, /(M_M; eet ea M,,)] 
(10-29) 
45.5 — 
145.5 MHz Af 


Programmable 
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and 


Resolution = f/(M,M3--°--M,) (10-30) 


A variation of the multiple-loop synthesizer 
shown in Figure 10-43 is used in a Cubic Com- 
munications HF-1030 AM and single-sideband re- 
ceiver. The figure is incomplete but it is clear that 
the resolution is 10 Hz, and 3 million discrete local 
oscillator frequencies can be synthesized. The oven 
temperature control of the crystal-reference oscil- 
lator for the portable HF-1030 allows the unit to 
maintain frequency stability specifications of 1 
ppm/month and less than 1 Hz/°C for environmen- 
tal temperature changes. 


: ; 
WY 40.455 - 


70.455 MHz 


40 — 69 MHz 
VCO 


Programmable 
, ~ No 


2 decades 
BCD data 
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FIGURE 10-43 WMultiloop main synthesizer for HF—1030 communications 
receiver. (Courtesy of Cubic Communications.) 
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Problems 
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kHz/volt? The phase detector characteristic is 


. Define phase-locked. 

. An analog phase detector with two input gen- 
erators (no VCO) has a beat-frequency output 
of 4 volts peak-to-peak at 100 Hz. Determine 
the phase detector gain (sensitivity) in volts/ 
radian and volts/degree of phase. 


. A phase comparator with triangular transfer 
characteristic has a maximum output voltage 
of 4 volts. Determine the gain in volts/radian 
and volts/degree of phase. 

. A VCO is linear between 260 kHz and 300 
kHz. The corresponding input voltages are 
200 mV and — 200 mV, respectively. 

a. Determine the VCO gain (sensitivity). 

b. The free-running frequency. 

. What will be the loop gain of a PLL with fp 
= 200 kHz and component gains of ky = 
0.5 volts/radian, k, = —4, and k, = —30 


Bs 


3. 


2. 


triangular. 

a. In kHz/radian. 

b. Insec '. 

c. In dB at 1 radian/sec. 

a. Determine the VCO input voltage V, for 
the PLL of problem 5 locked to a 180-kHz 
input signal. 

b. What will be the static phase error? 

Determine the maximum voltage possible 

from the phase detector of problem 5. 

Determine the hold-in frequency range for the 

PLL of problem 5. 


In Figure 10—44 switch S, is at position 2 and 

f, = 110 kHz. Capacitor C is part of a low- 

pass filter with a cut-off frequency of 7O kHz. 

If the phase detector is a (double-balanced) 

mixer, 

a. What frequencies are present at V, and 
why ? 





FIGURE 10-44 
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PROBLEMS 


10. 


11. 


12. 


TS. 


b. What frequency is present on pin 1 of S;,? 

c. Describe the system behavior when S, is 
Switched to position 1. 

After the PLL of Figure 10—44 locks up with 

f, = 110 kHz, determine the following 

a. f, 


b. V, 
Cc. Vs 
d. 6, 


Determine the hold-in frequency range of the 

PLL of Figure 10-44. 

a. If f, is changed to 145 kHz, repeat prob- 
lem 10. 

b. If 7, varies sinusoidally between 
13373 kHz and 145 kHz at a rate of 2 kHz, 
sketch V, accurately in time and 
amplitude. 


The PLL of Figure 10—45 has the following 
parameters: k, = 10 kHz/volt, k, = 2 volts/ 
radian (triangular characteristic) and fig = 
5O KHz. 


FIGURE 10-45 


a. What is the value of the reference input 
f« if V is measured at 500 mV dc? 

b. What is the phase difference between the 
VCO output and the reference signal? 

c. What improvement would have to be 
done to this system to reduce the static 
(dc) phase error to 2 degrees? 

d. Maximum V for any input frequency. 

e. Make an open-loop Bode plot for this PLL. 

f. Calculate the risetime (time-constant) and 
steadystate V, if the input signal fre- 
quency suddenly changes to 60 kHz. 


14. 
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A PLL demodulating FSK has the following 
parameters: k, = 1 V/rad|triangular], k, = 
5, k, = 2 kHz/volt, fe = 1.7 kHz. The FSK 
input signal is shown in Figure 10—46 with. 
f(space) = 2.2 kHz and f(mark) = 1.2 kHz. 


f. (FSK) 





15. 


16. 


FIGURE 10-46 


a. If the data rate is 1000 bits/second and 
the PLL is perfectly compensated, sketch 
V, (the VCO input voltage) showing am- 
plitude and time. 

b. Compute the rise time (time-constant) for 
the uncompensated loop. 

a. Make an open-loop Bode plot for the PLL 
of problem 14. 

b. Use a dashed line to show the closed-loop 
frequency response of the loop on the 
plot of part a. 

c. Determine the closed-loop bandwidth of 
this system (in rad/sec and Hz). 

d. Sketch V,, relative to the steady-state 
V,, accurately for the FSK input shown in 
Figure 10—47—a 5-kHz peak rectangular 
pulse above the VCO free-running fre- 
quency fer. 

A PLL has a loop gain of 10° sec”' and an 

RC compensation filter with w, = 0.56 X 

10°. 
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FIGURE 10-47 0 


a. Determine the loop damping factor. 
b. What percent of overshoot will occur for 
an input FSK signal? 

17. A second order loop has 6 = 0.4 and w, = 

10,000 rad/sec. Use Figures 10-27 and 

10-30 to determine, 

a. The time required for the loop to settle to 
within 10 percent of steady-state. 

b. Time of occurence and maximum amount 
of overshoot (in dB). 

c. Maximum amount in dB of the closea- 
loop frequency response rise and the fre- 
quency at which the peak occurs. 

The circuit of Figure 10—48 is used as a de- 

modulator for FSK. An input carrier of 

310 KHz Is received. 


18. 


Phase detector 


kK = 0.5 V/rad 
VCO 
k,=5 kHz/V 


fp = 300 kHz 


4k 
Input 


signal 







2k 


21. 


FIGURE 10-48 


V,/V, (SS) 


19. 


20. 
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FSK input 
waveform 






Af,, = 5 kHz step 


t (ys) 
100 


120 


40 60 80 


a. Determine V after lock-up. 

b. If C = 0.04 pF in the filter shown, will 
the loop be overdamped or under- 
damped? Why? 

c. What value of C will produce 6 = 0.7? 

d. Sketch V for Af, = 2 12 kHz from car- 
rier center frequency at a 500-Hz rate for 
6 = 0.7 loop compensation. (The time 
scale doesn’t matter, but the vo/ts do.) 


A PLL with loop gain of 10° sec” ' rings when 
pulsed because of a poorly designed lag com- 
pensation network. 

a. If the complex reactance of the capacitor 
in Figure 10-24 is 1/sC, use the voltage- 
divider rule to show that V,/V, = 
1/(RCs +1) = (1/RC)s + «@,). 

b. Sketch the Bode plot of a lead-lag com- 
pensated PLL and determine FR, and C in 
order to achieve a closed-loop bandwidth 
(one-sided) of 318.3 Hz and damping fac- 
tor of 6 = 0.707 with A, = 5000. 


Lead-lag compensation: Change the compen- 

sation network of problem 18 to give the loop 

an open-loop crossover frequency of 3,000 

rad/sec and a damping factor of 0.707. 

a. Determine the values of any components 
used in addition to the 4k resistor shown. 

b. Calculate the phase margin for this loop. 


A loop has ky = 0.8 V/rad, k, = 12.5, and 
k, = 2 kHz/V. 


PROBLEMS 


a. 


If a 0. 1-wF capacitor is used, determine RF, 
and A, for a lead-lag network to compen- 
sate the loop for a 0.707 damping factor 
and a bandwidth of 636.62 Hz. 
If the complex reactance of the capacitor 
in Figure 10-33 is 1/sC, use the voltage- 
divider rule to show that V,/V, = 
R, SF We 
R, + Ro/\s + @,/ 





22. A squarewave FSK signal is applied to a b6b 


0.4 mv/division 


PLL. The VCO control voltage V, is seen on 
an oscilloscope as shown in Figure 10—49. 





0.5 ms/division 


FIGURE 10-49 


Determine the percentage of overshoot. 
Use the ringing curves of Figure 10—27 
to estimate the loop damping factor. 


. What is the frequency of the FSK-modu- 


lating squarewave ? 


23. For the PLL frequency synthesizer of Figure 
10-50, N is equal to the decimal equivalent 
of the binary input. 


24. 


a. 
b. 


Determine fo 

Increase the binary input by 1 (LSB = 1). 
Determine fur: 

How fine is the resolution (minimum fre- 
quency change)? 


For the synthesizer of Figure 10-37 with a 
master reference generator of 1 MHz and a 
fixed divider ratio 200, 






25. 


26. 


Reference 


OSC 


20 


. Repeat b for N, 


. Determine 





S LS 
¥ 0110 ? 
Binary 
input 
FIGURE 10-50 


‘What is the minimum frequency step 


(resolution) ? 

lf N, = 5 and N, = 6, determine the 
synthesizer output frequency. (Assume 
that the switchable output filter selects 
the upper sideband out of the balanced 
mixer.) 


6 and N, 6. 
Repeat b for N, 5 and N, re 

Give two possible methods for increasing 
the resolution. 

Which crystals are used to receive CB 
channel 7 with the synthesizer of Figure 
10-38? 


the following frequencies 
when tuned to channel 7: 1st LO, 2nd LO, 
transmit, and receive frequencies. 


For the phase-locked CB transceiver of Figure 
10-41: 


a. 
b. 


d. 


Determine f, when the loop is locked. 

If the loop is locked and the VCO fre- 
quency is 37.67 MHz, what division ratio 
(+N) is programmed into the program- 
mable divider ? 

Determine the frequency of the channel 
to be received. (Assume high-side injec- 
tion to the first mixer.) 

Determine the seconda-IF frequency. 
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k, = 100 kHz/V 





Programmable 
divider, = N 










Phase 
detector 










Reference 
OSC 


als 2.048 MHz 





w, = 1000 sec™' 


FIGURE 10-51 
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27. The VCO of Figure 10-51 is phase-locked to 


a reference oscillator as shown. The system 

w, = 1,000 sec’. 

a. Determine N for the programmable di- 
vider shown if f, is to be 10 MHz. 

b. If N must be an integer, what is the res- 
olution for this synthesizer? Prove It. 

c. Determine the minimum damping factor 
which will allow f, to be within +8 per- 
cent of its final value after 11 milliseconds 
when switching from one frequency to 
the next. 

d. Determine the maximum damping factor 
to do part c if the loop is to be over- 
damped. (Please estimate by reading be- 
tween the lines on the second-order re- 
sponse curves.) 









Introduction 


Until a few decades ago, most information signals 
were In a continuous analog form. Then came dig- 
ital computers and integrated circuits. The prolif- 
eration of computers, storing and processing infor- 
mation in .discrete packets of energy called bits, 
has produced a strong demand for digital data 
transmission equipment. 

Whereas amplitude, frequency, and phase 
modulation of (piece-wise) continuous carriers is 
used for transmission of digital data, a fundamen- 
tally different modulation technique called pulse 
_ code modulation (PCM) has emerged for convert- 
ing analog signals into digital bits. Digital electronic 
circuits, processing equipment, and PCM transmis- 
sion systems have, some real advantages over their 
analog counterparts: 


e Digital circuits are relatively inexpensive and 
simple to interface. 


e Combining computer data with video and 
voice signals allows maximum flexibility when 
all are in a digital format. 

e Nonreal-time digital techniques allow signal 
processing that would be impossible with 
only analog circuits. 


e Noise does not accumulate from repeater to 
repeater along a digital transmission link be- 
cause the pulses can be completely regener- 
ated in the repeaters. 


In addition to constant-amplitude, constant- 
width digital signals, the continuous-wave modu- 


lation techniques already studied can be adapted 
to pulsed carriers. This type of analog/pulsed hy- 
brid signal is considered next. : 


Analog/Pulse Modulation 


The modulation of pulses is very similar to analog 
modulation; that is, the amplitude of pulses can be 
varied to produce pulse amplitude modulation 
(PAM). The duration or width of pulses can be var- 
led to produce pulse duration or pulse width mod- 
ulation (PDM or PWM). And, finally, the position of 
pulses can be varied to produce pulse position 
modulation (PPM). 

These three modulation schemes mentioned 
so far are not digital and in fact require analog 
channels for transmission. PCM, on the other hand, 
is a truly digital signal and can be processed by 
digital computer circuitry. Pulse/analog modulated 
signals—-PCM is not one—are more often used in 
instrumentation and control systems than for tele- 
communications. PAM, PWM, and PPM are ac- 
tually the AM, FM, and PM of pulse carriers, with 
all the advantages and disadvantages of their 
purely analog cousins. PAM does, however, have 
the capability, like PCM, of being time-division mul- 
tiplexed and is used in the voice/PCM interface. It 
also is used to produce higher-level modulation 
schemes for data modems and digital radio. Con- 
sequently, PAM is an important pulse modulation 
technique in communications systems. 








LI-l 


SAMPLED DATA AND THE 
SAMPLING THEOREM 


A long-used technique for remote monitoring of 
such parameters as temperature, power consump- 
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tion, motion, flow rates in such applications as sat- 
ellites, ocean buoys, mountain-top repeaters, and 


SAMPLED DATA AND THE SAMPLING THEOREM 


radio transmitters is to transmit periodic samples 
of these parameters on a telemetry link. A trans- 
ducer is used to produce an electrical voltage pro- 
portional to the parameter magnitude, and the volt- 
age amplitude is periodically sampled. Voltage- 
sampling of the analog voice signal from a tele- 
phone produces a PAM signal as the first step in 
the development of PCM _ for long-distance 
telecommunications. 

Figure 11—1 shows an example of a sampler. 
The switch S;, is closed instantaneously every 7, 
seconds to allow the instantaneous amplitude of v, 
to appear at the output. The output is, in fact, a 
pulse amplitude modulated signal. 

The sampling process can be described 
mathematically as multiplication of the two input 
time functions v,(t) and s(t); that is, a sampler is 
a mixer with a train of very narrow pulses as the 
local oscillator input. The remarkable thing about 
this process, as stated in the sampling theorem, is 
that if the analog input is sampled instantaneously 
at regular intervals at a rate which Is at least twice 
the highest analog frequency 


f, = 2f,(max) (11-1) 


then the samples contain ai// of the information of 
the original signal. Hence, you could sample a con- 
tinuous analog voltage at £, = 2f,(max), make a 


Vi Voltage 
sample 
output 


al LTTE 


e @ 
| tum 


T; 
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list of the sample values, send it by mail along with 
the value of ~£, and at the receiving end, recon- 
struct the entire analog signal exactly! 

A look at the frequency spectrum of the sig- 
nals involved in sampling will illustrate an important 
concept that can also be demonstrated mathemat- 
ically. The frequency spectrum of the ideal PAM 
output, Figure 11-2, will show why it is necessary 
to sample at or above the Nyquist rate f, = 
2f,(max), why all the information is present in the 
sampled output signal, and what Is necessary to 
recover the original analog signal. 

Figure 11-2 shows the frequency spectrum 
for an arbitrary but typical analog signa} to be sam- 
pled. Ideal sampling impulses are also shown. No- 
tice that the frequency spectrum of the periodic 
impulses is a series of equal amplitude harmonics 
of the sampling rate f,. The sampler is a wideband 
(harmonic) mixer producing upper and lower side- 
bands at each harmonic of the sampling frequency. 


Figure 11—2A illustrates the correct way to sam- 


ple: if sampling is done at f, > 2f,(max), the upper 
and lower sidebands do not overlap each other, 
and the original information can be recovered at 
the receiver by merely passing the signal through a 
low-pass filter (see parts C and D). However, if the 
sampling rate is less than the Nyquist rate, f, < 
2f,(max), the sidebands overlap, as shown in Fig- 


Samples 


FIGURE 11-1  /mpulse 
sampling of an analog 
voltage. 
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V(F) Analog spectrum 













{4 (max) Sampler 
v(t) X s(t) 
S(f) 


*Many frequency components are present, especially 


for music, and these frequencies change as the 
music changes. However, the highest frequency is 
labeled f, (max). 
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f, > 2f, (max) 





f, (max) 


" Aliasing" distortion 
occurs 






f 
0 f <2f, (max) 
f oe Ideal low-pass filter 
| 
f 
0 f > 2f, (max) 
V(F) Original 
a analog spectrum 
f 





f, (max) 


FIGURE 11-2 Sample spectra and their outputs. (A) f, > 2f,(max). Nyquist 
criteria met. (B) f, < 2f,(max). Frequency fold-over or ‘‘aliasing’’ distortion 
occurs. (C) f, > 2f,(max) and recovery of original information with low-pass filter. 
(D) The original analog signal spectrum following recovery as in (C). 


ure 11—2B. The result is frequency-folding or alias- 
ing distortion, which makes it impossible to recover 
the original signal without distortion. The Nyquist 
criterion for sampling is identical to the criterion for 
the minimum possible carrier frequency for analog 
AM. 

A visual example of aliasing distortion is seen 
when watching an old-time western with a spoked- 
wheel wagon or stage coach. The camera is sam- 
pling the scene (the information). If the camera 
sampling- (shutter-) rate falls behind the speed of 
the turning wheel, the spokes and wheel seem to 
stop and even go backwards; the rate of apparent 
backwards motion is the aliasing frequency. In any 
case, It is impossible to recover the true informa- 
tion (wheel speed and direction) once the image is 
cast in celluloid (without some sleight of hand). A 


final comment on this scene is noteworthy: most 
of the picture is unaffected; only the high fre- 
quency parts are unrecoverable. 


11-2 


PULSE AMPLITUDE 
MODULATION—NATURAL AND 
FLAT-TOP SAMPLING 


The circuit of Figure 11—3 is used to illustrate pulse 
amplitude modulation (PAM). The FET is the 
switch used as a sampling gate. When the FET is 
on, the analog voltage is shorted to ground; when 
off, the FET is essentially open, so that the analog 
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Op-amp 1 


Va Analog 
input 


t= Q, open» 


Q, short 
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FIGURE 11-3 Pulse amplitude modulator, natural sampling. 


Signal sample appears at the output. Op-amp 1 Is 
a noninverting amplifier which isolates the analog 
input channel from the switching function. Op-amp 
2 is a high input-impedance voltage-follower ca- 
pable of driving low-impedance loads (high “fan- 
out’’). The resistor AR is used to limit the output 
current of Op-amp 1 when the FET Is “on” and 
provides a voltage division with r, of the FET. (ry, 
the drain-to-source resistance, is low but not zero.) 

Notice that the tops of the PAM pulses of 
Figure 11—3 retain the shape of the original analog 
waveform; this is called natural sampling. The fre- 
quency spectrum of the sampled output Is different 
than that for ideal (impulse) sampling because the 
spectrum for the finite-width sampling pulses is dif- 
ferent. As shown in chapter 3, the amplitudes of 


Analog 
input 


Switch 


frequency components for narrow  finite-width 
pulses decreases for higher harmonics in a (sinx)/x 
fashion. This alters the information spectrum, 
which requires the use of frequency compensation 
(called equalization) before recovery by a low-pass 
filter. 

The most common technique for sampling 
voice in PCM systems is to use a sample-and-hold 
circuit. As seen in Figure 11—4, the instantaneous 
amplitude of the analog (voice) signal is held as a 
constant charge on a capacitor for the duration of 
the sampling period 7,. This technique is useful for 
holding the sample constant while other processing 
is taking place, but it alters the frequency spectrum 
and introduces an error, called aperture error, re- 
sulting in an inability to recover exactly the original 


Sample and hold output 







FIGURE 11-4 Sample-and-hold circuit and flat-top sampling. 
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analog signal. The amount of error depends on 
how much the analog signal changes during the 
holding time, called aperture time. To estimate the 
maximum voltage error possible, determine the 
maximum slope of the analog signal and multiply it 
by the aperture time AT in Figure 11—4. The anal- 
ysis is done for a delta modulator later in this chap- 
ter and is useful for determining the sampling rate 
required to keep below a specified amount of error. 


Unipolar 


t 





Bipolar 





Time-Division Multiplexing FIGURE 11-5 Flat-top PAM signals. 


Observe the natural and flat-top PAM pulse trains 
of Figures 11-3 and 11-5. Notice that narrow 
pulses occurring at a rate of f, >> 2f,(max) leaves 
quite a bit of space between pulses. PAM trans- 
missions allow for the use of a single transmission 
line by more than one information source operating 


information sources can share the same transmis- 
sion line “‘simultaneously.’’ This technique of divid- 
Ing the time and combining many different signals 
‘into one signal path is called time-division multi- 


at the same time. As illustrated in Figure 11—6, by 
sampling many signals at the same rate and inter- 
leaving the pulses into separate time slots, many 


Analog inputs 


Channel 1 


Contact closure points 
for this channel 


Channel 2 . 
Channel 3 
rr 


FIGURE 11-6  Jime- 
division multiplex of three 
information Sources. 


Ome 
t 


plexing (TDM). At the receiving end of the TDM 
system, the individual analog signals can be re- 
covered by circuits similar to those at the trans- 
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Transmission line (T.L.) 


Commutator 
(analog multiplexer) 
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mitter. The receiver commutator demultiplexes the 
PAM input, and the low-pass filters demodulate 
the three individual PAM signals to compensate 
and recover the analog voltages. 

In the three-channel multiplexed PAM system 
of Figure 11-6, each channel is filtered and sam- 
pled once per revolution (cycle) of the commuta- 
tor. Notice that the commutator is performing both 
the sampling and the multiplexing. The commuta- 
tor must operate at a rate which satisfies the sam- 
pling theorem for each channel. Consequently, the 
channel of highest cutoff frequency determines the 
commutation rate for the system of Figure 11-6. 

As an example, suppose the maximum signal 
frequencies for the three input channels are 
f,,(max) = 4 kHz, fa(max) = 20 kHz, and 
figimax) = 4 kHz. For the TDM system of Figure 
11-6, the multiplexing must procede at f = 
2 f,(maximum) = 40 kHz to satisfy the worst-case 
condition. 

With this, we can calculate the transmission 
line pulse rate as follows: The commutator com- 
pletes one cycle, called a frame, every 1/40 kHz 
= 25 uw sec. Each time around, the commutator 
picks up a pulse from each of the three channels. 


Pulse shape shows 
Ps channel number 
Channel 1 [| 
(4 kHz) 









Channel 2 
(20 kHz) TL 
Channel 3 A 
(4 kHz) 
Ch. 1 | 
Ch. 2 | (Ge 
A 
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Hence, there are 3 pulses/frame X 40k frames/ 
sec = 120k pulses/second. 

This example illustrates that multiplexing of 
many channels will require relatively high-frequency 
transmission systems. A little creativity, however, 
can help us minimize the transmission system 
bandwidth. For example, notice that the 4-kHz 
channel is being sampled at five times the rate re- 
quired by the sampling theorem. But if we slow 
down the commutator, the 20-kHz channel will be 
inadequately sampled. One thought might be to 
multiplex at 8k frames/sec and sample the 20-kHz 
channel 5 times per frame. If you sketch this, as is 
done in Figure 11—7, you discover that there are / 
pulses/frame XX 8k frames/sec = 56k pulses/sec, 
which looks good. However, the two missing sam- 
ples stolen from the 20-kKHz channel results in in- 
adequate sampling and periodic aliasing distortion. 
A calculation will show that, for no errors, the 
commutation rate must be 17.14 kHz, producing 
120k samples/sec on the transmission line. 

A better scheme is shown in Figure 11-8 
with interleaving of channels 1 and 3 between two 
samples of channel 2. Now, with 25 us/2 pulses 
and 7 pulses/frame, the multiplexing rate can be 


| 25 Us 


“OAM An 


1 222223 1 22222 
Channel number 


Output pulse train 
(actually PAM samples) 


FIGURE 11-7 Possible 
TDM solution. 


<-25 us 


nalts [ne 


Output pulse train 


FIGURE 11-8 7DM 
solution for minimum 
transmission line pulse rate 
(and bandwidth). 
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(2 pulses/25 ys)/(7 pulses/frame) = 11.428k 
frames/sec and 11.428k f/s X 7 p/f = 80k pulses/ 
second with no errors. 

There are other ways of interspersing the 
channel samples, but the minimum transmission 
line pulse rate—and bandwidth—for these three 
channels is 80k pps. In fact, while the slower chan- 
nels are sampled more often than necessary, the 
minimum transmission line pulse rate for no errors 
will be twice the required sampling rate for the 
highest-frequency input channel. This is because at 
least one pulse of the fast channel must be 
dropped in order to insert a sample from the 
slower channels. Realistically, the only way to solve 
a problem like this is to sketch the multiplexed 
samples and the maximum allowable time between 
samples. 


Intersymbol Interference (ISI) 


Another consideration concerning the transmission 
of pulses over circuits with limited bandwidth and 
nonlinear phase response is intersymbol interfer- 
ence. As noted in chapter 3, rectangular pulses will 
not remain rectangular in less than infinite band- 
width systems. As the transmission bandwidth nar- 
rows, the pulses round off, and what is worse, 
ohase distortion will cause tilt and even affect the 
next pulse. Figure 11—9 is a sketch from chapter 3 
of a pulse distorted in a typical transmission chan- 
nel (like a telephone line). Notice how the next 
pulse cannot help but be affected because the line 
is still active with channel 1 energy when the chan- 
nel 2 signal comes on. This effect is intersymbol 
interference (ISI). As more pulsed channels are 
multiplexed, high frequency- and phase-response 


Next pulse 
a (ideal) 





FIGURE 11-9  /ntersymbol interference; 
transmission-channel distortions. 
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become more critical. Also, when the distortion on 
one pulse affects the next pulse, cross-talk be- 
tween channels results. 

Transmission channels can be compensated 
(called equalization) to make the channel closer to 
the ideal (Nyquist) channel. 


L1l-3 


PULSE WIDTH AND PULSE 
POSITION MODULATION (PWM 
AND PPM) 


PVW/M and PPM are pulsed-carrier modulation tech- 
niques in which varying voltages, such as telemetry 
signals, are used to vary the duration or the relative 
position of carrier pulses. In pulse width modula- 
tion, the width of each pulse is made directly pro- 
portional to the amplitude of the information signal. 
In pulse position modulation, constant-width pulses 
are used, and the position or time-of-occurrence of 
each pulse from some reference time is made di- 
rectly proportional to the amplitude of the infor- 
mation signal. PVVM and PPM are compared and 
contrasted to PAM in Figure 11-10. 


Analog voltage rh 
(information) 


PAM 


FIGURE 11-10 Analog/pulse modulation signals. 


PULSE WIDTH AND PULSE POSITION MODULATION (PWM AND PPM) 


AN 


T ik 


FIGURE 11-11 


Figure 11-11 shows a PWM modulator. This 
circuit is simply a high-gain comparator which Is 
switched on and off by the sawtooth waveform 
derived from a very stable-frequency oscillator. No- 
tice that the output will go to + V,, the instant the 
analog signal exceeds the sawtooth voltage. The 
output will go to — V,, the instant the analog signal 
is less than the sawtooth voltage. With this circuit 
the average value of both inputs should be nearly 
the same. This is easily achieved with equal value 
resistors to ground. Also, the -- V and — V values 
should not exceed V,.. A 710-type IC comparator 
can be used for positive-only output pulses that are 
also TTL compatible. PVM can also be produced 
by modulation of various voltage-controllable mul- 
tivibrators. One example is the popular 555 timer 
IC. Other (pulse output) VCOs, like the 566 and 
that of the 565 phase-locked loop IC, will produce 
PWM. This points out the similarity of PWM to 
continuous analog FM. Indeed, PWM has the ad- 
vantages of FM—constant amplitude and good 
noise immunity—and also its disadvantage—large 
bandwidth. 

Close comparison of the PWM and PPM sig- 
nals of Figure 11-10 shows that the trailing edge 
of each PWM pulse occurs at a regular (clock) in- 
terval. This is achieved by using the sawtooth 
waveform as a switching signal in the modulator of 
Figure 11-11. A triangular switching signal would 
not produce the same result because both edges 
are a function of the analog input. When the trailing 


/ / Analog 
/ PWM 
Sawtooth = 
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t 


Pulse width modulator. 


(or leading) edge does provide a fixed reference 
time-of-occurrence, the PWM signal can be used 
to generate pulse position modulation. 

As shown in Figure 11-12, a PPM signal is 
produced by differentiating a PWM signal. Func- 
tionally, the differentiation is realized by an op-amp 
differentiator or a well-designed AC high-pass filter. 
A well-designed RC differentiator has a very short 
time constant so that the decaying edge dissipates 
before the arrival of the next pulse. 

As shown in Figure 11-12, a diode can be 
used to eliminate the negative-polarity clock pulse 
if desired, and a one-shot multivibrator will provide 
a constant-width, flat-top PPM signal. 


Demodulation 


Since the width of each pulse in the PWM signal 
shown in Figure 11-12 is directly proportional to 
the amplitude of the modulating voltage, and the 
trailing edge is at regular clock intervals, demodu- 
lation can be achieved by time-averaging (integrat- 
ing) the received pulses. In another similar ap- 
proach, the signal is differentiated as shown in 
Figure 11-12 (to PPM in part A), then the positive 
pulses are used to start a ramp, and the negative 
clock pulses stop and reset the ramp. The effect 
of this procedure is to produce frequency- (or 
pulse-width)-to-amplitude conversion. The variable- 
amplitude ramp pulses are then time-averaged (in- 
tegrated) to recover the analog signal. 
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FIGURE 11-12 Pulse position modulator. 
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The last approach suggests a technique often 
used in phase meters to demodulate PPM. As I 
lustrated in Figure 11-13, a narrow clock pulse 
sets an RS flip-flop output high, and the next PPM 
pulse resets the output to zero. The resulting sig- 
nal, PWM, has an average voltage proportional to 
the time difference between the PPM pulses and 
the reference clock pulses. Time averaging (inte- 
gration) of the. output produces the analog varia- 
tions. This circuit is the RS-FF phase detector in- 
troduced in chapter 10. 

It is seen that PPM has the same disadvan- 
tage as continuous analog phase modulation: a co- 
herent clock reference signal is necessary for de- 
modulation. The reference pulses can _ be 
transmitted along with the PPM signal. This is 
achieved by full-wave rectifying the PPM pulses of 
Figure 11-12A, which has the effect of reversing 
the polarity of the negative clock-rate pulses. Then 
an edge-triggered flip-flop (J-K- or D-type) can be 
used to accomplish the sarne function as the RS 
flip-flop of Figure 11—13, using the clock input. But 
transmitting the reference signal along with the 
PPM does not come without penalty: more pulses 
per second will require greater bandwidth, and the 
width of the pulses limit the pulse deviations for a 
given pulse period. 


DIGITAL MODULATION 
Pulse Code Modulation (PCM) 


As we have seen, pulse modulation methods such 
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Integrate (average) 


Analog output 


| FIGURE 11-13 PPM 
=“ demodulator. 


as PAM, PWM, and PPM are basically pulsed ver- 
sions of AM, FM, and PM. These are not digital 
modulations because digital systems use pulses of 
constant amplitude, width, and duration. The infor- 
mation in digitally modulated signals is contained In 
the presence or absence of a pulse and conse- 
quently is less susceptible to noise than analog/ 
pulse modulated signals. 

There is an extremely important, truly digital 
modulation technique called pulse code modulation 
(PCM) in which the amplitude of an analog signal 
is sampled and a sequence of digital 1s and Os are 
produced, which represent the amplitude of the 
analog signal at the sampling instant. Thus, PCM is 
produced by an analog-to-digital conversion pro- 
cess. As in the case of other pulse modulation 
techniques, the rate at which samples are taken 
and encoded must conform to the Nyquist sam- 
pling rate: the sampling rate must be greater than, 
or equal to, twice the highest frequency in the an- 
alog signal, f, = 2f,(max). 

A simple example to illustrate the pulse code 
modulation of an analog signal is shown in Figure 
11-14. Here, an analog input sample becomes 
three binary digits (bits) in a sequence which rep- 
resents the amplitude of the analog sample. 

At time t = 1, the analog signal is 3 volts. 
This voltage is applied to the encoder for a time 
long enough that the three-bit digital sequence 
(“word’’), 011, is produced. The second sample at ~ 
t = 2 has an amplitude of 6 volts, which Is en- 
coded as 110. This particular example system Is 
conveniently set up so that the analog voltage 
value (decimal) is encoded with its binary equiva- 
lent. The decimal/binary equivalence is given in 
Table 11-1. 
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Digital clock 


Serial PCM 
output 


1 2 3 4 
4 011 110 101 100 °* 


Digital signal 


FIGURE 11-14 A 3-bit PCM system showing analog to 3-bit digital 


conversion. 


Notice that, with a three-bit code, 27 = 8 
different levels, called quantization levels, can be 
distinguished by the encoder. One more bit in the 
digital code allows twice as many quantization lev- 
els (2* = 16) to be distinguished. The added com- 
plexity in the encoding circuitry to produce a four- 
bit code would allow finer resolution and greater 
accuracy in reproducing the analog signal at the 
demodulator. 

The demodulator must take the digital code 
words and generate an analog voltage. This is dig- 
Ital-to-analog conversion. Analog-to-digital (A/D) 
and digital-to-analog (D/A) converter circuits are 
discussed in more detail in the next chapter. 


TABLE 11-1 Decimal-to- binary equivalents. 


Decimal 
value 





Multiplexing PCM Channels 


The serial PCM output of Figure 11-14 shows that 
there Is time between the last bit of one encoded 
sample and the first bit of the next sample. This 
time can be used for multiplexing another digital 
signal of another analog channel. Figure 11—15 
shows an example of time-division multiplexing in 
which two PCM channels are combined (multi- 
plexed) on a single transmission line. 

In Figure 11-15, the analog signals of chan- 
nels 1 and 2 are converted to three-bit/sample dig- 
ital words. These three-bit samples are then picked 
off by the multiplexer circuit and serially (one at a 
time, in series) transmitted down the transmission 
line. This time-sharing of a single transmission line 
(TDM), allows many channels, such as telephone 
conversations, to be transmitted over a single 
transmission line channel. 

The channel 1 and 2 inputs could very well 
be carrying the signals from two telephone con- 
versations. Indeed, PCM is increasingly used for 
transmitting telephone conversations over long dis- 
tances because of its superior noise rejection and 
pulse-regeneration capabilities compared to analog 
(frequency-division multiplexing) systems. The dig- 
ital pulses of a multiplexed PCM telephone system 
(digitized voice traffic) can be transmitted between 
switching centers from city to city via digital mi- 
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Multiplexed PCM output 
011 001 110 


Multiplexer (shown as a 
mechanical commutator) 


FIGURE 11-15 Two-channel multiplexed 3-bit PCM system. 


crowave radio or optical fiber systems. The re- 
ceived noisy pulses can be regenerated into clean 
(high S/N) pulses for noise-free telephone connec- 
tions or retransmitted to other switching centers 
for long-haul, including satellite, links. 


Bandwidth Requirements 


Suppose that the two-channel, multiplexed PCM 
system of Figure 11-15 is being sampled and mul- 
tiplexed at 6,000 samples per second with essen- 
tially no dead-time between the three-bit samples. 
Figure 11-16 shows several ‘‘frames’’ (complete 
turns of the commutator). Since each frame is 


channels bits 
finde i ot 2 —— , there are 6 


| frames channel 
bits/frame. The commutator completes 6,000 
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1 frame 


(1st set of samples 
from each channel) 


FIGURE 11-16 Multiplexed serial output of 2- 
channel, 3-bit PCM systems. 


frames per second, so the transmission line is car- 
rying 6 bits/frame X 6k frames/second = 36k 
bits/second. The worst-case digital signal, in terms 
of transmission line changes, occurs when alter- 
nate 1s and Os are transmitted; this situation is 
seen as the first four bits of Figure 11-16 or the 
squarewave signal of Figure 11-17. 





FIGURE 11-17 Squarewave and fundamental 
frequency (dashed line). 


Since there are 36k bits/second for our two- 
channel system, each bit requires 


i, = = 27.8 mw sec/bit 


1 
fe 36k bits/sec 


Also, we see from Figure 11—17 that the basic line 
rate Is 


1 1 
f=—= = —f (11-2) 
, 2 2" 
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The basic line rate is the fundamental frequency of 
a binary squarewave and is the minimum band- 
width required to transmit the basic information of 
the digital signal of Figure 11-16. That is, 

| 


BWihnin in t, 
2 


(11-3) 


where f, is the transmission line bit-rate (baud 
rate). That is, an ideal noiseless channel can carry 
up to two bits per cycle-of-bandwidth for trans- 
mitted binary signals. Thus, for our three-bit PCM 
system multiplexing two channels at 6k frames/ 
sec, the absolute minimum bandwidth required is 


1 
BW,.#.,==—f, = a 36k bits/sec = 18 kHz 


1 
2 


Delta Modulation (DM) 


In pulse code modulation, the analog signal is sam- 
pled at regular intervals, and the amplitudes of 
these samples are coded in a multiple-bit digital 
format. A variation on this A/D technique, called 
delta modulation, compares successive signal sam- 
ples and transmits their difference with one bit, 
thus reducing the number of bits required for cod- 
ing. This savings can be very important for fast- 
changing signals like full audio (music) and, in par- 
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ticular, television video which has a 4-MHz 
bandwidth. 

Like PCM, a delta modulation system consists 
of an encoder and a decoder; unlike PCM, how- 
ever, a delta modulator generates single-bit words 
which represent the difference (delta) between the 
actual input signal and a quantized approximation 
of the preceeding input signal sample. This is rep- 
resented in Figure 11-18 with a sample-and-hold, 
comparator, up-down counter staircase generator, 
and a D-type flip-flop (D-FF) to derive the digital 
pulse stream. 

The operation of the simplified delta modu- 
lator of Figure 11—18 is as follows: The continuous 
analog signal is band-limited in the low-pass filter 
(LPF) to prevent aliasing distortion, as in any sam- 
pling system. The analog signal V, is then com- 
pared to its discrete approximation V,. If the am- 
plitude of V, is greater than V,, the comparator 
goes high, calling for positive-going steps from the 
staircase generator; if, however, V; exceeds V,,, 
the comparator goes low, calling for negative- 
going steps from the staircase generator. The com- 
parator also sets the D flip-flop (D-FF) and the out- 
put will be properly clocked because the edge-trig- 
gered D-FF can change state only at rising edges 
of the input clock: 1s will correspond to positive 
steps and Os to negative steps of the staircase 
generator. 


Delta modulation output 


11111101010010 






FIGURE 11-18 _ Possible delta modulation encoder. 
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Decoding of the delta modulation (DM) signal 
can be accomplished with an up-down staircase 
generator and a smoothing filter or simply by in- 
tegrating the DM pulses as shown in Figure 11-— 
19. The resulting demodulated signal is illustrated 
as curve B. 

A practical implementation of a delta modu- 
lator is shown in Figure 11—20 where the up-down 
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FIGURE 11-19 
DM demodulator. 


counter and digital-to-analog converter (DAC) 
comprise the staircase generator of Figure 11-18. 
The delta modulator of Figure 11—20 is usually re- 
ferred to as a tracking or servo analog-to-digital 
converter. 

A close look at the discrete version of the 
analog signal in Figure 11-18 (curve B) should help 
you to realize that low-distortion delta modulation 


| FIGURE 11-20 Up- 
Parallel down staircase generator 
DM for delta modulator. 
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depends upon the ability of the system to closely 
follow the changes of the analog signal. Clearly, as 
seen in Figure 11-21, the critical parameters de- 
termining the quality of a system using a constant 
step size are the designer's choice of step size and 
sampling period length. 

With too small a step size, the analog signal 
changes cannot be followed closely enough (Figure 
11—21A). With too large a step size, two problems 
arise: poor signal approximation (resolution) and 
large quantization noise (Figure 11—21B). 

Too long of a period has the same problem 
as too small of a step size and poor resolution (Fig- 
ure 11—21C). When the period is too short, too 
much transmission bandwidth is required. 


A. Step size too small. 


B. Step size too large. 


C. Sample period too long. 


FIGURE 11-21 Critical design parameters in 
constant step-size linear delta modulation. 


EXAMPLE 11-1 


A 5-volt peak, 4-KHz sinusoid is to be converted to a digital signal by delta 
modulation. The step size must be 10mV. Determine the minimum clock rate 
that will allow the DM system to follow exactly the fastest input analog signal 
change. 


Solution: 


The fastest rate of change of a sinewave, v(t) = Vsin wt, is the slope at the 
zero crossover points (t = O in Figure 11—22). The slope at t = O is found 





as follows: 
dv( t) qd 
slope = = — (Vsin wt) = wlcos wt. 
at dt 
At t = O the slope is wVcosO = wVor, since 
w = 2mf, the maximum slope of the sinewave is 

gay (11-4) 
= Die 7 
AG 


where f is the frequency of the analog sinusoid. 
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FIGURE 11-22 Example problem. 


Av _ 10 mV 
2a fV 2a(4000 Hz) 5 V 





Solving for At, At = 


= 0.079 mu sec/cycle 


At is half the clock period because steps occur only at positive transi- 


tions of the clock in a practical system. 
Thus, Toca = ZAt = 1/foccer SO that 


Fay = W/2At = 1/2 X 0.079 X 10° sec/cycle) = 6.3 MHz. 


Practical DM A circuit configuration in present 
use for telecommunication applications involving 
filters, speech scramblers, instrumentation, and re- 
mote motor control is shown in Figure 11-23. 

To demodulate the digital signal we simply in- 
tegrate the pulses. In fact, if the integrator has the 
same AC time-constant as the modulator above, 
the integrated demodulator output is the same as 
the B curve of Figure 11-23. The integrator output 
is then put through a sharp cut-off low-pass filter 
to smooth out the final analog signal. The circuit of 
Figure 11-23 could be modified to include a 
variable-gain amplifier (VGA) and decision logic as 
indicated in Figure 11-24 for adaptive delta 
modulation. 


Example 11-1 points out that linear DM is 
not viable for transmitting voice accurately because 
too high a pulse rate is required. Two changes can 
reduce the transmission rate considerably: One is 
to use companding as PCM does (companding is 
discussed in chapter 12); the other, more impor- 
tant, solution is to use adaptive delta modulation. 


Adaptive DM (ADM) A solution to the trade- 
offs and compromises of the simple delta modu- 
lation system above is to have a variable step size 
system. This could be accomplished as in Figure 
11-24 with a variable-gain amplifier at the output 
of the D-flip-flop and a decision circuit that counts 
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period of time and decides whether the step size 
should be increased and by how much. 
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As an example of how this circuit might op- 
erate, suppose that the adaptive algorithm (deci- 
sion criteria) will be as follows: The preceding four 
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FIGURE 11-24 Adaptive delta modulator. 
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4 — Decision time 


bits of ADM output are counted. If an equal num- 
ber of 1s and Os occur in this interval (the last four 
bits), then the VGA gain will be A, = —1 (the FET 
switch will be a short). If more 1s than Os or more 
Os than 1s are counted, the step size is doubled, 
A, = —2 (the FET switch will be open-circuited). 


A. DM with double step size. 


B. DM with single step size. 


FIGURE 11-26 Different DM results depending on 
step size used. 
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FIGURE 11-25 ADM 
with step or double-step- 
sizes. Arrows are shown 
along the horizontal axis to 
indicate where the step size 
changes. These changes are 
based on the number of 1s 
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Decision time bits. 


With the VGA gain doubled, the input to the inte- 
grator will be doubled. The results are constructed 
for an analog input and compared to the results for 
the linear DM in Figures 11-25 and 11-26. 

One interesting application of the delta mod- 
ulator is in a telephone PCM codec (coder/de- 
coder). A typical PCM requires expensive, precision 
analog components. One approach to producing an 
inexpensive all-digital PCM codec that could be in- 
stalled in every telephone is to pass the analog sig- 
nal through a low-pass analog filter to limit the 
baseband, then convert this analog signal to the 
one-bit-per-sample DM. The DM is converted to 
linear PCM, then to the A-law (Europe) or w255- 
law (U.S.) PCM before serial transmission on tele- 
phone networks. 

A block diagram of the dual modulation 
codec described above is shown in Figure 11-27. 

An integrated circuit for producing adaptive 
delta modulation with a variable-slope integrator Is 
shown in Figure 11-28. 
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It is appropriate to mention here an unavoidable 
limitation of digital modulation. The sharp signal 
variations about the average, inherent in delta mod- 





CHAPTER 11: PULSE AND DIGITAL MODULATION 


320 





Input Anal Delta Linear PCM 
nalog (sigma) to desired 
ul tl S | 
analag modulator law PCM = as 
£ output 
(Companding) Re} 
E Serial 
. " | Cc 
0 ee DM Desired law = fai 
she eee demodulator to linear i ca 
analog integrator PCM 





FIGURE 11-27 Dual modulation codec. Deriving PCM from delta modulation 
with an all-digital 1.C. 


VOICE ENCODING/DECODING 
Simplified voice encoding/decoding using 
continuous Variable Slope Delta Modulator (CVSD). 


MC3417/3517: 3-bit algorithm, for military 
secure Communication and general low 
sampling rate applications. f, = 16k, max. 


MC3418/3518: 4-bit algorithm; telephone 
quality. f, = 38k, max. 


(MC 3517/18 are full MIL temperature: —55° to +125°C). 
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FIGURE 11-28 Adaptive delta modulation |.C. from Motorola. 


ulation, and the discrete variations in demodulated 
PCM constitute a form of noise unique to digital 
modulation systems. This kind of noise, called 
quantization noise, is due to the discrete nature of 


digital signals and sets a lower limit on the mini- 
mum recoverable analog signal variation. Quanti- 
zation noise and system resolution design are cov- 
ered in chapter 12. 


PROBLEMS 


11-6 


QUALITATIVE COMPARISONS OF 
PULSE AND DIGITAL 
MODULATION SYSTEMS 





Like PAM, PCM can be time-division multiplexed 
because the modulated samples maintain a fixed 
position (slot) and duration in time. However, PCM 
is less noise-sensitive than PAM, and PCM can use 
digital constant-amplitude circuitry unlike PAM 
which requires linear circuits. A disadvantage of 
PCM is its greater bandwidth requirement. For ex- 
ample, in a simple three-bit PCM system, three 
pulses must be transmitted, whereas only one Is 
transmitted for the PAM sample (see Figure 11- 
29). 

PVM and PPM are rarely used in multiplexed 
communication systems because of the large 
bandwidths required; frequency-division multiplex- 
ing, which requires a more complex system than 
TDM, must also be used. While PWM and PPM 
have better noise performance than PAM (like FM 
and PM over AM), PWM and PPM are not easily 
regenerated, and therefore noise accumulates over 
long-haul networks. 
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FIGURE 11-29 Pulse and digital modulation 
waveforms. 


An additional disadvantage for PPM over all 
the other techniques is that PPM, like continuous 
phase modulation, requires coherent demodulation. 
This usually means that a phase-locked loop and 
its acquisition circuitry are required. 

In addition to these advantages for PCM over 
other pulse modulation techniques, the use of dig- 
ital terminal equipment makes PCM more desirable 
in today’s communications marketplace. 


Ne eee 


Problems 


1. A motor tachometer registers variations as 
high as 10,000 revolutions per second. What 
is the minimum rate required for sampling this 
signal? 

2. A voice channel has frequency components 
of up to 3.5 kHz. What minimum sampling 
rate is required if this signal is to be pulse- 
amplitude modulated ? 


3. A voice channel has a frequency range of 1 | 


to 3 kHz. 
a. How slowly can it be sampled for PAM? 


b. What kind of distortion occurs If it is sam- 
pled at 4.2 kHz? 


4. Suppose a sampler produces the ideal PAM 
spectrum of Figure 11—2A. This signal is then 
ac-coupled to filter out everything below 
f,(mmax). How could the original analog signal 
be recovered? (This is what happens in most 
applications where PAM is transmitted.) 


5. What is required to demodulate ideal (im- 
pulse-sampled) PAM? Natural-sampled PAM ? 
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6. Sketch a simple four-channel TDM system: 
include transmit and receive ends. 


a. 


If all input channels are limited to 4 kHz, 
what is the minimum multiplexed output 
pulse rate? 

How wide (in milliseconds) is each pulse 
if 50-percent duty cycle pulses, as shown 
in Figure 11-6, are used? 


7. Show a multiplexed PAM system that can 
properly multiplex the following analog chan- 
nels to achieve 120k pps transmission rate: 


a. 


b. 


Five channels of 4 kHz and one channel 
of 10 kHz. 

Change the scheme to achieve 64k pps. 
At what rate does the commutator 
operate? 


. Make an accurate sketch of the first three 


odd harmonics of 6/n sin n@, where @ var- 
ies from O° to 180° in 10° intervals (n = 
1 for fundamental or first harmonic). Also, 
add the amplitudes (of the three curves) 
at each interval and plot the sum of the 
three amplitudes. The sum is the narrow- 
band approximation of a squarewave 
whose Fourier components add up as 
5 


>, (6/n) sin n 8. 


n=1 (n odd) 


By replotting points or using tracing 
paper, shift the fundamental (n = 1) 
curve to the left by 30°. Continue the 
shifted (phase-delayed) curve out to 8 = 
180°. Plot the new sum (resultant). No- 
tice what will happen to any squarewave 
pulse occurring before or after this 


FIGURE 11-31 
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‘ squarewave"’ pulse. What happens is 
called intersymbol interference (|SI) distor- 
tion. The resultant (sum) curve also shows 
an approximation to the “'tilt’’ or ‘sag’ 
Caused by phase distortion. 


9. What is intersymbol interference and how 
Can It cause interchannel cross-talk? 
10. a. Name the pulse modulations of Figure 


11-30. 
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FIGURE 11-30 


b. Sketch a circuit to demodulate each signal 


of Figure 11-30. 


. Sketch the pulse modulation which results 
from differentiating signal (B) of Figure 
11-30. Name the resultant signal. 


12. a. Sketch the output of the PWM modulator 


of Figure 11-31. Show correct voltage 
magnitude. 


. Sketch a circuit, without repeating Figure 


11-12, to produce PPM from the analog 
signal of Figure 11-31. Sketch the result- 
ing PPM signal. 


. What is the sampling rate for the PWM 


signal? 
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13. a. Sketch a PAM output for the analog signal 
of Figure 11-31. Use 2 us-wide pulses 
occurring at O, 5 us, 10 us, 15 ps, etc. 

b. Sketch a demodulator circuit and _ its 
output. 

. What pulse-modulated signal is most suited 

to demodulation by a phase-locked loop? 

The VCO of Figure 11-32 is modulated by 

the data pulse shown. Use the information in 

the figure to determine the following: 

a. What type of pulse modulation is 

produced ? 

b. The VCO frequency for V = 0, (fe). 

c. What value of V is required at the input 

to produce the output shown? 

Show that the integrator of Figure 11-33 

produces a constant ramp with a peak 

output voltage of Vj = —(VW/AC) . V 

a constant input voltage applied for W 

seconds. 

b. Show that the average of V, over the in- 

terval W is —VW/2RC. (For PWM, the 
pulse width is proportional to the analog 


15. 


16. a. 


22. 


Switch discharges C 
at end of pulse 
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21. 
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—— FIGURE 11-32 


peak value—by definition—and the inte- 
grate-and-dump circuit of Figure 11-33, 
when followed by an averaging circuit, 
demodulates PVM. The “averaging cir- 
cuit’ averages over a clock period; not 
just over W,) 

Sketch the output Q of the RS-FF demodu- 

lator of Figure 11-13. 

Show that the average output voltage of O 

for problem 17 is proportional to the time be- 

tween a clock pulse and a PPM pulse. (The 

output voltage is averaged over a full clock 

period.) 

What advantage does PPM have over PWM? 

a. Give one advantage of PCM over each of 
the pulse/analog modulations. 


b. Give a disadvantage of PCM. 


How many bits are needed to quantize an an- 
alog signal into at least 250 levels? 


If six bits are used in a PCM system, how 
many separate input levels are dis- 
tinguishable ? 

FIGURE 11-33 


Integrate-and-dump circuit. 
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24. 


25. 


26. 


A digital signal (binary) is to be transmitted at 
9k bits/sec. What absolute minimum band- 
width is required to pass the fastest infor- 
mation change undistorted ? 


Four channels of five-bit PCM are multiplexed 
at 8k frames/second 
pulses added). Determine the output pulse 
rate and pulse width. 


What advantage does delta modulation have 
over PCM? 


A ramp is to be modulated with delta modu- 
lation. The ramp starts at time zero with 1.25 
volts and continues with a slope of 5 volts/ 
millisecond [v(t) = 5t + 1.25 volts, (¢ in 
ms)]. The delta modulator takes 10 samples/ 
millisecond (10k samples/sec) of 1 volt/step. 
The first one-volt step starts at time zero. 

a. Sketch the ramp and DM estimate as it 

follows the ramp. 


(with no additional . 
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27. 


28. 


b. Determine the transmitted binary 


sequence. 


Repeat problem 26 for an adaptive delta 

modulator (ADM) with an adaptation decision 

circuit algorithm as follows: (1) Look at the 

last four samples (assume all Os before t = 

O), (2) If the number of 1s is O or 4, the step 

is 1.5 volts; if the number of 1s is 1 or 3, the 

step is 1.0 volts; if the number of 1s is 2, the 

step is only 0.5 volts. 

A 12-volt peak, 4-kKHz sinusoid is to be mod- 

ulated in linear DM with step size 10 mV. 

a. Determine the minimum clock rate. 

b. Change the step size to 100 mV and de- 
termine the minimum clock rate. 

c. Change the sinusoid to 15 kHz and deter- 
mine the minimum clock rate. 

d. Comment on linear DM as a viable tech- 
nique for transmitting voice; compare it to 
PCM, for instance. 
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CHAPTER 12: DIGITAL COMMUNICATION CONCEPTS 


Communication Concepts 


In designing an efficient communication system, 
the notion of information content and the efficiency 
of its transfer must be considered. /nformation the- 
ory as used by electronic system designers is a sci- 
entifically established body of knowledge about the 
quantity and quality of information transmitted 
through electronic channels. 

The quantity aspect of information involves 
determining the amount, speed, and efficiency of 
information transfer through a finite bandwidth 
channel. The quality aspect involves the determi- 
nation of how precisely the received information 
represents what was transmitted. It should be 
noted that neither quantity nor quality have any- 
thing to do with the ‘meaning’ of a message. 

When writing in the English language, the 
physical symbol called a /etter is used to construct 
words. The information contained in each word is 


determined by the choice and position of letters 
from the set of 26 called the alphabet. And the 
information in the set of words (sentence, para- 
graph, chapter, book, library) is determined by the 
choice and position of words (and other charac- 
ters) out of the total possible words and their po- 
sitions. As a specific example, the information con- 
tained in the English words “‘stop’’ and “‘tops’’ is 
determined by the choice and position of letters 
(symbols) from the available set of 26. But the 
“meaning” that a given word has for you is quite 
beyond the scope of this book. 

So, ‘information’’ comes down to a specific 
choice or set of choices from all possible choices. 
Good efficiency in the transfer of information is 
based on transmitting the fewest number of sym- 
bols necessary to complete the message. 








12-1] 


DIGITAL INFORMATION 








Information requires a change—no information is 
transmitted in a continuous symbol. Keeping in 
mind that zero is a very definite quantity—none, 
as opposed to any other quantity—the simplest in- 
formation system would be binary. In a binary in- 
formation system, the information is contained in 
the choice of one state out of two possible 
states—one ‘something’ out of two possible 
“somethings.”’ If the states are assigned the sym- 
bols 1 and O, then 1 and O are our binary digits. (A 
decimal system has ten digits.) The two words “‘bi- 
nary digit’ have been contracted into the new 
English word “‘bit,’’ and one bit is the smallest di- 
vision of binary information. 


A bit is a division of information, 
and the choice of a symbol, 1 or 
O, constitutes the information. 


Coding 


Now, suppose that 1 or O are the only symbols we 
want to use in our information system—they con- 
stitute the entire “‘alphabet’’—and we are faced 
with distinguishing between 16 possible objects. A 
code will accomplish this. We assign to each ob- 
ject a name (or word) using a specific arrangement 
of symbols from our *‘alphabet.”’ 

Let us specify that each code word (a com- 
plete set of bits) is to be made up of binary digits 
placed side by side, and further that every word 
will contain the same number of bits. How many 
bits are required to distinguish 16 different objects? 


DIGITAL INFORMATION 


The bits will be side by side, __- & —_  & — 
& _. ..., and each bit requires a choice from 
two symbols (1 or O). So one bit can define 2 ob- 
jects; 2 bits can define 2&2 = 2:2 = 2? = 4 
objects; 3 bits can define 2&2&2 = 2-2-2 = 2° 
= 8 objects; 4 bits can define 2* = 16 objects. 
Thus, for a binary (base 2) system, the number of 
bits n required to distinguish M different things (ob- 
jects, voltage levels, keys on a terminal key-board, 


etc.) is found from 
2° =M (12-1) 


The number of bits may be found by taking 
the logarithm of both sides, 


log,2" = log,M 
nN loge2 = loggM, 
therefore the number of bits required is 


log,.M 
a (12-2) 
logn2 


lf B = 2 is used, then since log, 2 = 1, the exact 


number of bits required is given by 
n = log,M (12-3A) 


for binary. If your calculator doesn't have log,, then 
use B = 10 so that the minimum. number of bits 


EXAMPLE 12-1 


32/1 


required Is 


log,.M 





n= = 3.32 1og,M  (12-3B) 


Od io2 


Coding Efficiency 
Example 12-1 leads directly to the concept of cod- 
ing efficiency; that is, if exactly 6.46 bits of infor- 
mation are required but 7 bits must be used, 
coding efficiency 

exact number of digits required 


a 
actual number of digits used 


Thus for the sample above, 


6.46 bits 
7 bits 


coding efficiency = = 0.923 = 92.3% 

Coding systems other than binary could be 
used to specify the 88 piano keys of the above 
example. If a decimal (n = 10) system is used, the 
system will require at least log,.88 = 1.944 “dits” 
(decimal digits). Thus, two dits are necessary—this 
of course will allow up to 99 keys. And the effi- 
ciency of this system will be 


1.944 dits/2 dits = 0.972 = 97.2% 


How many bits would be required to completely distinguish the 88 keys of a 


piano? 


13 


We could get the answer by trying powers of 2. Thus, 2° = 64 is not 
enough. But 2’ = 128 is more than enough. Therefore, a 7-bit binary 


code can be used. Of course more than 7 bits could be used, but this 
would reduce system efficiency. 

Another way to solve the problem is to use the exact formula. Thus the 
exact number of bits required = log, 88 © 3.32 log,. 88 = 6.46 bits. 
Since a fraction of a bit cannot be implemented in practice, we must 
use the next highest whole number, namely 7 bits. 
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For the 88-key piano example, a decimal 
number system would be more efficient than bi- 
nary. However, binary computers do not operate 
internally with ten symbols. 


12-2 


INFORMATION TRANSFER RATE 








The bit has been defined as the basic unit of infor- 
mation in a digital binary system. The speed at 
which information is transferred from one com- 
puter or terminal to another in a digital system, the 
information transfer rate, is measured in bits/sec- 
ond. Thus, if the serial digital word 101001 is 
transferred from one computer to another in six 
milliseconds, there are 6 bits per six milliseconds 
or an information transfer rate of 


6 bits 
_= 


! 





= 1,000 bits/sec (1k bps). 
6 ms 


12-3 


SIGNALING (BAUD) RATE 





Later we will study higher-order (-ary, where M 
=> 2) transmission systems wherein one signal 
change on the transmission line will represent a 
group of two or more binary bits. Thus, a distinc- 
tion must be made between the end-to-end infor- 
mation transfer rate f and the rate at which trans- 
mission line changes are occurring—the signaling 
rate, or baud rate, #,. 

The signaling rate specifies how fast signal 
States are changing in the communications channel 


a a a 

*Notice that 101 are the first three bits transmitted 
since t = QO is the origin of the time scale shown. This will 
be a convention used throughout this book. 
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Signal level (Volts) 





t (millisec) 
0 12 345 6 7 8 98 


- 


T, =1ms 


f, = 1/T, = 1k baud 


FIGURE 12-1 Binary transmission. 


and is measured in symbols/sec or baud. If the 
communications equipment is transmitting the bi- 
nary signal as shown in Figure 12—1,* there is one 
level per millisecond, or a transmission line signal- 
ing rate of 1000 symbols/sec = 1 k baud. In a 
purely binary system, the bit rate and baud rate are 
equal. | 
However, suppose that instead of each inter- 
val 7, allowing a choice of only two levels (1V or 
OV), we have a choice of four different voltages 
(say OV, 1V, 2V, and 3V). This four-level quater- 
nary system provides twice as many choices as the 
two-level bi-nary system, and can transmit twice 
as much information. 

For example, let the binary (computer data) 
message be 10100111, as shown in Figure 12-1. 
We could build digital circuits to separate the bits 
into groups of two as they come serially (one after 
the other) out of the computer and assign one of 
four voltage levels to each pair. One possible ar- 
rangement might be as shown in Table 12-1, 


TABLE 12-1 


a 
Quaternary System Transmission Levels 








Binary Transmission line 
pair voltage (v) 
OO O 
O1 1 
10 Z 
11 3 





SYOTEM CAPACITY 


where a pair of Os (O00) would be assigned to the 
voltage OV, and so forth for the other three pos- 
sible combinations—O1 1V, 10 = 2V, and 11 
= 3V. Thus, to send the binary message 1010 
0111, our quaternary system transmits 2V, 2V, 1V, 
and 3V as shown in Figure 12—2. Part A shows 
that the total message could be sent in four milli- 
seconds with the same baud rate as the binary sys- 
tem and twice the information transfer rate. (The 
computer clock rate would have to be doubled). 
On the other hand, we could slow the signaling 
rate, as in part B, and get the same end-to-end 
information transfer rate — bits/sec from 
computer to computer—while using one-half the 
transmission line bandwidth. The price paid for this 
improvement is system complexity, because now 
we have to store two bits in a register and gener- 
ate a multilevel signal on the transmission line; 
then, at the receiver, the multilevel signal must be 
decoded back into original binary voltages. 
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| 2-4 
SYSTEM CAPACITY 


By system capacity we mean the maximum rate 
at which information can be transferred through a 
system of given design. In this section the expres- 
sion is developed for system capacity (the Shan- 
non-Hartley theorem) 


information 1 
= ————_- = — log,M 
Tm Tp (12-5) 
= 2f,(min) log,M 


where 7,, is the message time, 1/7, is the signaling 
rate and log,M is the number of bits from equation 
12—-3A. The parameters are illustrated in Figure 
12-3. 

Let us say that during each interval of 7, sec- 
onds duration, the information will consist of any 


1 k bps 
1 k baud (bits/sec) 


t (ms) 


7 = 
Binary message PO 410. ® TF 1e2. 
~— —= Oar —— oO” = 
Quaternary transmission ZV 2V 1V 3 V 
(Volts) 
A. Equivalent 4 
quaternary 
transmission 3 
signal 2 
1 
0 
01234567 8 9 


f. (transfer rate) = 8 bits/4 ms = 2 k bps 


f, (baud rate) = 4 symbols/4 ms= 1k baud  ¢,, Figure 12-1) 






B. Quaternary 
transmission 
signal 
(slower rate) 


(11) 


(10) (10) (01) 





oOo-m- NY W FA 


0 1 
f. = 8 bits/8 ms = 1 k bps 
f, = 4 bits/8 ms = 0.5 k baud 


2345 67 8 Q 


(computer clocks must 
run twice as fast as 


FIGURE 12-2  Four-level 
transmission of a binary 
message (computer data), 
at both (A) the same 
transmission line rate and 
(B) one-half the binary 
transmission line rate. 


t (ms) 
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7, = shortest interval 


—|—|—|]—]—| » VM = number of levels/interval 


time (sec) 


Tm — total message time 


FIGURE 12-3 Multilevel digital signaling. 


one of four possible (voltage) levels. Then during 
interval one there are 4 (WM = 4) possible voltages, 
each of which is likely to occur during interval one. 
AND, in interval two, there are also M = 4 equally 
likely possibilities. Therefore, in two intervals, there 
are 4 AND 4 = 4-4 = 4? possibilities. (The ex- 
ponent indicates the number of intervals.) 

If all of the information we want to commu- 
nicate takes a total time 7,,, where 7, is made up 
of many intervals of length 7, seconds each, then 
the number of intervals during 7,, is T,, /T;. 

Combining what we have done so far brings 
us to the conclusion that the number of possibilities 
(possible signal levels) during the message is pro- 
portional to M’”’"*, where T,, provides more pos- 
sibilities through more time and T, provides more 
possibilities through shorter intervals within 7,,. To 
solve for 7,,, take the logarithm: 


log(M"”"’”) = (T,,/T,) log M 


This expression is proportional to the total amount 
of information transmitted during the message pe- 
riod 7,,. In order to have the above quantity in 
bits—the basic unit of information—the logarithm 
base is 2. The result, then, is information = 
(T,,/T,) log.M (bits). This is the maximum infor- 
mation content of the multilevel digital signal de- 
scribed graphically in Figure 12—3. The first part of 
equation 12—5 is obvious from this as we solve for 
C, system capacity, 
information 


1 
= C = —log,M 
i ls va 
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which gives us the maximum rate (in bits/sec) at 
which information can be transmitted through a 
system designed to communicate a 7,, seconds- 
long message divided up into 7, seconds-long in- 
tervals, wherein during each interval, the signal can 
assume any one of M distinct, equally probable, 
levels. “Levels” can be voltages, frequencies, or 
phases. 

To complete equation 12-5 and expand on 
the theory, expect that M, the number of different 
levels, is related to system S/N (signal-to-noise 
ratio), and that 7, is related to bandwidth. As illus- 
trated in Figure 12-4, the fastest changes would 


.a-— Received signal 





j= Transmitted signal 
| 





1 cycle of # (min), where f, (min) is the 
minimum channel cut-off frequency. 


FIGURE 12-4 _ For an absolute minimum bandwidth 
channel, only the fundamental frequency (solid curve) 
will be received even though rectangular data (dashed 
curve) are transmitted. The basic binary information is 
still received, however. 


be for alternate high-low level changes. Hence, the 
channel requires an absolute minimum bandwidth 
of 1 cycle in 27, seconds so that the minimum 
channel cutoff frequency is f,(min) = 1/(27,) for 
an ideal noiseless channel. Since 1/7, = 2f(min), 
then C = 2f,{min)log,M. As an example, for binary 
M = 2, and we calculate C = 2f,(min) log.2 = 
2f,{min). Therefore, for binary, 


C = 2f,min) (12-6) 


For a channel or system with noise—and 
they are all noisy—the Shannon limit gives an 
expression for maximum channel capacity and is 
written 


C = BW log, (S/N + 1) bps (12-7) 


BANDWIDTH CONSIDERATIONS 


where BW, the bandwidth, is the upper cut-off fre- 
quency f,(min), S = signal power, and N = noise 
power. 

This mathematical expression is usually mis- 
interoreted. For example, suppose we have an 
ideal 3-kHz bandwidth telephone circuit with S/N 
= 30 dB. We calculate S/N = Antilogig (80/10) 
= 10° and C = 3 X 10 logl1 + 10) = 
29.9kbps. However, C = 2f.(min) = 6kbps for an 
ideal noiseless channel! How can an ideal, noise- 
less, channel have less capacity than a noisy one? 
The answer is that C = 6-kbps is for a 3-kHz 
channel carrying binary. The Shannon limit above 
tells us that we can transmit information at a rate 
of 29.9-kbps, but we obviously cannot do it by 
transmitting binary over a 3-kHz channel. We 
would have to transmit over this channel using a 
32-level code system—C = 2f,(min) log,M, log,M 
= C/2f, = 29.9k/(2 X 3k), so M = 31.6. Such 
a system might use PAM in which each bit of in- 
formation Is assigned 1 of 32 possible signaling lev- 
els. On the other hand, we could use binary PCM 
with five bits (2° = 32, which is greater than 
31.6), but it would take five times longer to get the 


information transferred through our 3-kHz tele- | 


phone line. Thus, the Hartley expression, 


H= CT,, (12-8) 


gives the maximum total information H which can 
be transferred in 7,, seconds over a channel whose 
information capacity Is C. 

All of which gives you an idea of why It took 
30 minutes to construct a single TV frame trans- 
mitted from the Mariner IV at Mars—which has 
nothing to do with the time it took for the RF signal 
to travel that 124 million miles: d = vt, t = d/v 
= 2 X 10° kilometers/(3 X 10° meters/sec) = 
11 minutes. The point is that when the signal 
reached earth antennas, it was so weak that it was 
buried in noise. Reducing the noise required nar- 
rowing the bandwidth, which in turn required slow- 
ing the signaling rate and/or using higher-level 
coding. 

Multilevel transmission systems will be cov- 
ered in chapter 17. However, the primary reason 
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that multilevel signaling is being designed into dig- 
ital transmission systems is to conserve a dwin- 
dling natural resource—bandwidth. 


12-5 
BANDWIDTH CONSIDERATIONS 


A major concern for digital communication system 
designers is the bandwidth requirement of the 
transmission channel; or, from another perspective, 
if we are to transmit digital data through a channel 
of known bandwidth such as a telephone line, the 
maximum signaling rate (for a given amount of dis- 
tortion) must be limited. 

In order to determine the amount of fre- 
quency spectrum used up by discrete (digital) sig- 
nals, we review here pulse spectra from chapter 3. 

As seen in Figure 12-5, sharp digital pulses 
require a tremendous amount of frequency spec- 
trum (bandwidth). Since transmission channels 
have a limited bandwidth, the communication sys- 
tem designer needs to know (1) the minimum pos- 
sible bandwidth required for a given pulse rate and 
(2) how pulses can be shaped to minimize the 
bandwidth and distortion of the data pulses. 


Minimum Possible Bandwidth 


Digital data transmitted in the format shown in Fig- 
ure 12-5 is called return-to-zero (RZ) because the 
transmission line returns to zero volts between 
data pulses; a data stream would look like Figure 
12-6. The first component in the frequency spec- 
trum of Figure 12—5 is the average value of the 
signal, the dc component. Its amplitude is deter- 
mined from the pulse peak value V and the duty 
cycle 7/T. Thus, for pulses with a 20-percent duty 
cycle and +5V amplitude, 7/7 = 0.2, V = SV, 
and the dc component is 5V XK 0.2 = 1 volt. 
The second component in the frequency 
spectrum has a frequency equal to the pulse rep- 
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Time domain description 
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? T 1 3 = 4 ~ 
= (sin rt) cos an(#)¢+(3 sin 27 *) cos 2n(2)¢ + 


The pulse repetition rate is £ = 1/7 (symbols/sec). 


Amplitude (Volts) 


2A. T 
———s, ain T+ (Volts) 







ss 


T sin(n77/T) 


Pe a 5 (na 7/T) 





f (Hz) 


f= 1/17 
Frequency domain description 


FIGURE 12-5 _ Time and frequency description of a rectangular pulse train. 


etition rate, f = 1/T, and is shown in the time 
domain in Figure 12—7A. Its peak amplitude is de- 
termined from the duty cycle 7/7 and the pulse 
amplitude A. For 5V pulses with a duty cycle of 20 
percent and pulse repetition frequency (PRF) of 
f = 10° pulses per second, the “fundamental” sig- 
nal is (10/ma sin 0.27%) X cos (24 X 10°) = 
1.87 cos (24% X 1072) volts. 

If the (noiseless) transmission channel can be 
represented by an ideal low-pass filter with cut-off 
frequency just above the PRF (1,000 pps), passing 
the pulses of Figure 12—6 through this transmission 


FIGURE 12-6  feturn-to-zero (RZ) data stream. 


mission channel will result in the signal of Figure 
12—/B. Please notice that while we no longer have 
squared-off pulses, the basic information is pres- 
ent; that is, the presence or absence of voltage at 
t = T is clearly shown in the time domain. Digital 
circuits (such as Schmitt triggers) are available to 
reshape the cosine pulses into rectangular pulses. 


An important conclusion of this discussion is 
that the absolute minimum bandwidth required to 
transmit rectangular pulses, not including square- 
waves, in an ideal (Nyquist) noiseless channel is 
equal to the pulse repetition rate. 

If squarewaves (rectangular pulses with a 50- 
percent duty cycle) are transmitted, the channel 
cut-off frequency is not as critical because the sec- 
ond harmonic is at a null, as are all even harmonics 
of the fundamental (see Figure 12-8). 

However, notice that when binary data are 
transmitted in this format (called nonreturn-to-zero, 
NRZ) the fastest signal change in the channel will 
be for alternate 1s and Os; that is, the sequence 
101010... represents the maximum rate of signal 
change on the transmission line. This signal format 
has two bits (a 1 and a O) occurring during one 
squarewave period 7; that is, 7 = 27,. Conse- 
quently, the minimum channel cut-off frequency 
must be more than f, = (1/2T,) = YVef,. For ex- 
ample, if 1000 bits/second are transmitted NRZ, 
the minimum cut-off frequency is 500 Hz. 

How close to Yef, the bandwidth can be 
made depends on how much intersymbol interfer- 
ence (ISI) can be tolerated, which in turn depends 
on how closely the overall channel frequency re- 
sponse resembles the ideal Nyquist channel. Chan- 
nel equalization (compensation) approximating a 
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(Volts) 







| 
10 . 
| [7 sin 0.27 ~ 1.87V, pk 


die dc component 


1.0 t (ms) 
r+] 
(Volts) 


<— 1.87 


f (Hz) 


0 108 


FIGURE 12-7 Output of ideal minimum-bandwidth channel with a rectangular- 
shaped input digital signal. (A) Fundamental frequency signal time-domain 
description. (B) Time and frequency description of output. 


raised-cosine characteristic near the band edges al- 
lows the smallest possible bandwidth in practice. 


Pulse Shaping for Minimizing 
Bandwidth and Pulse Distortion 


Advanced digital transmission systems are de- 
signed to use pulses whose shapes maximize the 





F=1fr=2/T s/f 





am ad 


percentage of total signal power within the first 
‘‘lobe”’ of the spectrum. Figure 12—9 shows pulses 
and the first “‘lobe,’’ and indicates how power is 
more concentrated for some pulse shapes as com- 
pared to others. As an example, the raised-cosine 
pulse is seen to have a faster spectral roll-off than 
rectangular pulses. Thus, for a channel with a 
bandwidth wide enough to include the first lobe, 


FIGURE 12-8 

f (Hz) Squarewave signal in the 
time and frequency 
domains. 
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FIGURE 12-9 Frequency ae 


spectra for three aifferent 
digital transmission signal 
formats. 


transmitting raised-cosine pulses will result in the 
reception of more power with less pulse distortion 
than for rectangular pulses. 


Digital Transmission Formats 


Most digital data is generated by computers and 
terminals which usually operate internally on a par- 
allel TTL-level signal format. TTL (transistor-transis- 
tor logic) levels are O to 1.3 volts for a logic O and 
3.6—5.0 volts for a logic 1. Also, current levels are 
typically less than 16 mA. 

Transmitting binary computer data over dis- 
tances greater than a few meters requires circuitry 


Rectangular 
(nonreturn to zero) 


amplitude 











Rectangular bipolar 
(return to zero) 
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(cos? wr) 





ero 










Much less energy 
outside the 1st lobe, 
compared to rectangular 


1.0 


0.5 





1/7 2/r 







"1st lobe" 


other than TTL because capacitance and line resis- 
tance will limit the frequency response and distort 
the pulses. In addition, it is often undesirable or im- 
possible to transmit the dc component of typical 
TTL signals; this is the case with transformer-cou- 
pled telephone lines. Where direct connection to a 
transmission line is desirable, various types of line- 
drivers and signal formats are used. 

some’ of the more common digital formats 
are illustrated in Figure 12-10. The NRZ signal is 
the same as the common TTL format, and NRZ-B 
is a bipolar version. 

The advantage of the RZ format will be seen 
when we study synchronous data systems where 
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Digitalsequence 101001 1 1 


A. NRZ: Nonreturn to zero. 


B. NRZ-B: NRZ-Bipolar. 


ee ee ee t 


os 5 os a 


C. RZ: Return to zero (+ 50% duty cycle). | | | | | | | | | | — 


D. Biphase (Bi — ¢) 
Also called "Manchester" code. 


E. AMI: Alternate mark inversion. 


3-level code "Bipolar.") 


the increase in signal transitions will help in system 
synchronization. 

Bipolar transmission formats have the advan- 
tage of a zero dc component, assuming an equal 
number of 1s and Os occur* during a message. 
The dc component is an important consideration in 
noisy systems because dc changes due to short 
bursts of continuous 1s or Os will change the de- 
cision threshold and can result in more errors. 

An additional advantage of bipolar over polar 
(on/off) formats is that, for the same S/N, polar 
requires twice the average power (four times the 
peak power) compared to bipolar. This is shown in 
the example in the next section. 

The Biphase (Bi - @) format uses a +/— 
squarewave cycle for a MARK and a —/+ for a 
SPACE. Each bit period contains one full cycle, 
thereby eliminating dc wander problems inherent in 
all the above signal formats. A disadvantage of Bi- 
phase, and RZ, is the requirement for twice the 


*This condition is often insured by scrambling and bit- 
stuffing techniques. 


LS LIL: 
ay 


(The telephone company calls this 


FIGURE 12-10 A few 
digital transmission formats. 


bandwidth of NRZ and NRZ-B. The Biphase format 
is also referred to as a “Manchester’’ code. 

The AMI format (Figure 12—10E), called bi- 
polar with a 5O-percent duty cycle by the tele- 
phone industry, is similar to RZ except that alter- 
nate 1s are inverted. The dc component is less 
than for RZ, the minimum bandwidth is less than 
for RZ and Biphase. An additional advantage of 
AMI is that, by detecting violations of the alternate- 
one rule, transmission errors can be detected. 


12-6 
POWER IN DIGITAL SIGNALS 


lf we assume that a digital transmission has an 
equal number 1s and Os during a message, then 
we can average power over the message period 
and model the signal as a continuous pulse stream. 
The generalized pulse stream is shown in Figure 
12-11. 
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T >| <— The average power in this signal is 


LLL, Fes (7) ¥ (12-9) 


T/ R 
A. [<— r—>| 


Incidentally, since the rms (effective value) of a pe- 
riodic wave is found from P = (V,..)/R, it follows 


| | | | | | mel the RMS voltage ie ee pulses is V,_. 
t = Vr/T Vsince P = (Vind /R = (V7/T VY/R 
B. >| T=2r je— = (rV)/(TA). 


In the squarewave case of Figure 12—11B, 


FIGURE 12-11 Pulse streams. (A) Rectangular T/T = 0.5 so that P = V’*/2R (squarewaves; that 
pulses. (B) Rectangular pulses with T/T = 0.5 is, NRZ signals). Also the RMS voltage for a uni- 
(squarewave). polar squarewave (Figure 12-11B) is V, = 


V/ \/2—iust as it is for sinusoids! 


EXAMPLE 12-2 


Compare the power of an NRZ squarewave to NRZ-bipolar where the peak- 
to-peak amplitudes are equal (in order for the two signals to have the same 
S/N when received over a noisy channel). Refer to Figure 12-12. 


1 0 1 
V NRZ 
A. 
1 0 1 NRZ-B 
V/2 
V t 
B. —V/2 


FIGURE 12-12 Comparison of NRZ and NRZ-Bipolar. 


Solution: 


The power in an NRZ signal is Pyar = V2/2R. 
For the NRZ-B signal, V — V/2 and, since there are pulses in each half- 
period (instead of a large pulse followed by a zero amplitude pulse), Pye = 
(V/2)" _ V* 
2R ~ AR 
twice the power of the NRZ-bipolar signal. 





. Comparing results, it is seen that the on/off NRZ signal has 
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Also, the instantaneous (peak) power for NRZ is V*/R, whereas the peak 
power for NRZ-B is (V/2)’/R = V*/4R, for a 4:1 difference in peak power. 

A final comment on these two important digital formats is that the dc 
power for rectangular RZ and NRZ signals is found from (rV/T)?/R, whereas 
for the bipolar signal it is zero. 





12-7 
PCM SYSTEM ANALYSIS 


The digital communication concepts developed 
thus far can be used to determine the requirements 
of PCM systems. 

Pulse code modulation, introduced in chapter 
11, is a technique for converting analog (including 
pulsed) information into a specific binary code for 
transmission through digital communication chan- 
nels. In PCM, the information signal to be trans- 
mitted is sampled at regular intervals, and each 
sample is given an n-bit digital code corresponding 
to the amplitude of the sample. For telephone sys- 
tems, sampling and encoding are performed in the 
transmit section of a codec (coder-decoder). After 
transmission, the n-bit encoded samples are de- 
modulated in the receiver section of another codec 
Circuit. 

The PCM system consists of many informa- 
tion sources, both analog and digital, concentrated 
into a few digital channels, or multiplexed into a 
single digital data stream for transmission between 
data communications equipment (DCE). The trans- 
missions between DCEs can be current or voltage 
pulses on transmission lines, or for longer dis- 
tances, the PCM pulses can modulate an analog 
carrier for transmission by ASK (amplitude-shift 
key), FSK (frequency-shift key), or PSK (phase-shift 
key). Such digital carrier systems allow the trans- 
mission of digital data on transmission lines, includ- 
ing fiber-optic lines, and by satellite and terrestrial 
(land) microwave radio links. 

Previously, the pulse code conversions were 


by high-speed A/D and D/A converters multiplexed 
over many analog channels. But now, large-scale 
integration (LSI) has made it economical to use a 
codec in each channel, then concentrate or multi- 
plex the resulting digital signals. 

Figure 12-13 shows the transmit/multiplex 
part of a PCM system in which each channel of 
information is digitally encoded, multiplexed with 
other similarly encoded channels, and then trans- 
mitted after a framing or frame-synchronizing bit Is 
added. 

To analyze this PCM system, consider the 
AT&T 24-channel, D3 (also GTE Lenkurt’s 9002B) 
“long-distance” (toll) telephone bank. 

The analog voice signal is transformer-cou- 
pled and frequency band-limited to less than 4 kHz 
by the low-pass filter. Typical uncompensated tele- 
phone lines have a 3-dB frequency response be- 
tween 300 Hz and 3.3 kHz, but the LPF is used to 
insure that no aliasing distortion will occur in the 
sampling process due to the presence of signals 
with frequencies greater than 4 kHz. 

Shannon’‘s sampling theorem states that if a 
signal is sampled at a rate greater than twice the 
highest input signal frequency, f, = 2f,(max), so 
that no aliasing (frequency fold-over) occurs, then 
the original signal can be recovered without distor- 
tion. From this, it is clear that we could sample at 
2 X 4 kHz = 8 kHz or greater. The telephone 
system samples at 8 kHz. The samples must be 
held long enough to be encoded but short enough 
to multiplex the other 24 channels and one framing 
bit—all within Yeooo = 125 psec. The encoding 
time will be calculated after other system require- 
ments are determined. 


Signaling 


Coder part of CODEC pulses 


Analog __, Sample Compression Analog to Parallel nae 
signal wie and Hold (companding) digital to serial git 
conversion conversion combiner 





Various 
_— Clock a | PCM 
l signals channel 6 


Ch. 7 


system a 
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Framing Digital 
bit combiner 


FIGURE 12-13 Multiplexed PCM transmitter system. 
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Digitizing /Encoding 


The critical part of a PCM system is the analog-to- 
digital conversion process. This is where the analog 
voltage sample is compared to the discrete levels 
(quanta, or quantum levels) defined in the A/D con- 
verter, and a digital code word corresponding to 
the closest quantum level is assigned. The digital 
code word then represents the PCM approximation 
of the particular analog signal sample. 

The A/D converter (ADC) designer will be 
concerned with accuracy, linearity, speed, and a 
list of specifications too numerous to explain here. 
Below is a short listing. For our purposes it will be 
enough to consider resolution/dynamic range, 
number of bits required, noise, and conversion rate. 
Conversion rate is considered in the discussion of 
converter circuit schemes. 


Some ADC Specifications 


e Accuracy 

e Linearity 

e Precision 

e Monotonicity 

e Resolution/dynamic range 
e Aperture time, delay, and jitter 
e Quantization error 

e Settling time 

e Temperature coefficient 
e Noise 

Bandwidth 


Resolution and Dynamic Range 


Dynamic range (see Figure 12—14) is the ratio of 
largest-to-smallest analog signal which can be 
transmitted. The resolution, or quantization (step) 
size g, is the smallest analog input voltage change 
that can be distinguished by the A/D converter. 
Clearly, from the basic relationship 2” = M 
(equation 12—1) the more bits used, the more dis- 
crete quantization levels M/ can be distinguished 
(resolved). From the linear ADC transfer character- 
istic of Figure 12—15, it can be seen that q = 
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Strongest 
signal 
Weakest 
signal 
Discrete 
quantum 
levels 


athe 


FIGURE 12-14 Dynamic range of analog signal. 


Sampling instants 





— Ves : ‘ ‘ : 
= — , which when combined with equation 
M M 
12-1, yields the basic linear ADC relationship 
Ves 
= — 12-10 
q 5" ( ) 


where g = resolution (smallest analog voltage change 

which can be distinguished) 

number of bits in the digital code word 

= full-scale voltage range for the analog 
signal 


N 
a os 
| il 


The bits of the code word are usually written 
from left to right, as illustrated in Figure 12-15 
where the left-most bit has the most weight (most 
significant bit, MSB) and the right-most bit has the 
least weight (least significant bit, LSB, not to be 
confused with lower sideband). The LSB, smallest 
digital change, determines the PCM resolution and 
has the same analog value as q. 

The analog dynamic range capability of a 
PCM system V,.a/Venin iS the same as the ADC pa- 
rameters V,./g. And, since M = 2” = V,,/q, the 
dynamic range (DR) is expressed mathematically as 


V ieee 
Vinin 





DR = = 2” 


or, In dB, 


V 
DR(dB) = 20 log —— (12-11) 


min 


Note that 20log 2” = 20nlog2 = 6.02n, so we 


‘can write DR(dB) © 6n. This says that there are 


approximately 6 dB/bit of dynamic range capability 
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Linear analog-to- digital converter transfer 
characteristic. 


Fa 
Z| 
Fa 
vil 


ry 
Fs 
Z 


Z| 
Va 


Full-scale, or Ves 


000 Z| : (Volts) 


Sample voltage input (Volts) ——» V,,,, 


+q/2 

‘ 0 q 

FIGURE 12-15 _ Linear < q | J | . . | 
ps2 


ADC characteristic and 


guantization noise. B. Quantum uncertainty or quantization noise, + q/2. 


for a linearly encoded PCM system. Table 12-2 
summarizes resolution, dynamic range, and accu- 
racy for up to 16 bits, where accuracy is the sys- 
tem resolution in percent of full-scale, or the max- 
imum possible accuracy of the demodulated 
analog signal. 


EXAMPLE 12-3 


Quantization Noise 


Quantization Noise is unique to digital (and some 
pulsed) transmission systems and is produced in 
the digitization process. 

As see in Figure 12—15B, a digitally encoded 


Determine the dynamic range capability of an 8-bit linear (noncompanded) 


PCM system. 


Solution: 


DR(dB) ~ 6n = 6 dB/bit X 8 bits > 48 dB. Said another way, an analog 


system whose dynamic range is 48 dB | —= © 251 | requires an 8-bit PCM 


min 


system. 
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TABLE 12-2 Linear ADC 


Resolution, Number of Dynamic 
in bits levels Range 
n (bits) M= 2° (AB) 


O 
] 
2 
3 
4 
5 
6 
7 
8 
Q 


*15 ppm (parts per million) 


analog sample will have an exact-amplitude uncer- 
tainty of = g/2. Only analog values corresponding 
to the code center points will have no error (called 
quantization error). Demodulated PCM can be 
thought of as the analog input with quantization 
noise added. The quantization noise voltage V,,, Is 
sawtoothed with a peak value of g/2 and can be 
calculated from 





q 
| eae — (12-12) 
eos 
in volts, rms. The noise power will be 
f= g° 
—-=N,= (12-13) 
R 12R 


for a linear ADC characteristic. 


Signal-to-Quantization Noise Ratio 


Let us calculate the S/N, for a sinusoid of maxi- 
mum level. As seen in Figures 12-14 and 12-15, 
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Accuracy 


1 
— X 100(%) 
M 


the maximum peak-to-peak sinusoid voltage will be 
equivalent to gM, that is, V,(pk-pk) = gM and V, 


M 
= = volts, peak. The rms value is peak/\/2 = 
qM 


2V2 
2 2 2. 


V sree are te : 
is S = ——, thus S = . Combining yields 
R R 





volts, rms. The average power of a sinusoid 





the maximum signal-to-quantization noise for a si- 
nusoid quantized into M levels, 





(12-14) 


Companding 


Linear quantizing in PCM systems has two major 
drawbacks. First, the uniform step size means that 
weak analog signals will have a much poorer S/N, 
than the strong signals. Second, systems of wide 
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dynamic range require many encoding bits and 
consequently wide system bandwidth. 

A technique to improve S/N, for weak signals 
is to decrease the step size g for weak signals and 
increase it for strong signals, as illustrated in Figure 
12-16. This nonlinear encoding/decoding, called 
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phone systems, it depends on where you live. 
North America employs AT&T's so-called “‘y-255" 
companding shape known as the “mu” law, 
whereas in Europe, the CCITT* regulatory board 
specifies the “A” law. The two companding curve 
shapes are usually obtained by a series of short 


we ____—- Strong signal 


Weak signal 


ZN [| 


Smallest step size { | Nw 


FIGURE 12-16 Nonlinear 
step-size quantizing. 


companaing, tends to equalize the S/N, (or signal- 
to-digitizing distortion) over the expected range of 
analog amplitudes and requires rather complex dig- 
ital hardware. 

Another technique to accomplish the same 
result is to use a linear encoder preceded by an 
analog voltage compressor, which also helps to 
prevent high-level signals from saturating the sys- 
tem. After decoding, a complementary expander 
restores the original dynamic range. A companding 
curve is sketched in Figure 12-17. 

The actual shape of the curve depends on the 
system designer or, in the case of standard tele- 


Companded 
analog 
(Volts) 


Input 
analog 
(Volts) 


FIGURE 12-17 Companding curve. 


Largest step size 


linear segments, called chords, each decreasing In 
slope as distance from the origin increases. 

The North American “w’’-law has 16 linear 
segments, 8 for positive and 8 for negative volt- 
ages. There are 16 steps of equal size in each 
chord. A simplified sketch is shown in Figure 12— 
18. As a practical matter, companding laws are 


*International Consultative Committee for Telephony 
and Telegraphy. 


Volts out 












3V 


Chord 7 

step size ~ 100 mV 
Chord O 

step size ~ 800 yuV 

Volts in 


=__ 


FIGURE 12-18 Sketch of u-255 transfer 
characteristic. 
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quite similar, and despite the complex circuitry, LSI To summarize the PCM fundamentals devel- 
codecs are companding with digital techniques and oped here, the AT&T T1 (GTE 9002B) system is 
make provisions for the use of either law. used an an example. 


EXAMPLE 12-4 Summary of PCM System Analysis 


The 24-channel (D1) AT&T 71 PCM carrier telephone system band-limits 
input voice frequencies in each channel to 4 kHz. The ratio of maximum-to- 
minimum voice level gives a dynamic range of 72 aB. Following the multi- 
plexing of the 24 digitized voice signals, a framing bit is inserted to synchro- 
nize the system and to identify each channels’ data. Reference to Figure 12— 
19 should aid in visualizing this analysis. 


1. The minimum sampling rate is 


f, = 2f,(max) = 2 X 4 kHz = 8000 samples/sec 


2. The voice dynamic range for long (toll-grade) lines is 72 dB, so the ratio 
of maximum to minimum analog signal levels to be resolved is found 


pe eo 
from equation 12-11: 72 dB = 20 log,, a and by the definition of 
: Vinax 72/20 3.6 
logarithms, ——- = 10 = 10° = 3981 =M. 
3. The number of bits required to quantize 3981 equal levels (linear ADC) 
is, from M = 2”, using equation 12—3B 


n * 3.32 log 3981 = 3.32 (3.6) = 11.95 or 12 bits 


72 dB 
This is also determined from: 6dB/bit requires ———— = 12 bits. 
6 dB/bit 


4. By compressing the voice signal, the 4-255 companding codec provides 
the same dynamic range with 256 discrete levels using 8 bits. Eight bits 
are nearly worldwide practice for digital voice transmission. 


9. If only one channel (telephone conversation) is transmitted, the bit (and 
baud) rate would be 8000 samples/second X 8 bits/sample = 
64kbps. Thus, a 4-kHz voice channel digitized to 8 bits would require 


sa | 64 kb/s 
an absolute minimum bandwidth of BW = Vf, = —————— = 
2 bits/cycle 


32 kHz. 


6. 24 8-bit samples plus one framing bit are multiplexed at 8000 frames 
per second. The T1 bit (and baud) rate is (24 channels X 8 bits/channel) 
+ 1 framing bit = 192 + 1 = 193 bits/frame. 193 bits/frame X 
8000 frames/second = 1.544 Mb/s. So the T1 line carries 1.544 
million bits/second, which requires a baseband bandwidth of at least BW 
= Yet, = ¥2(1.544 Mb/s) = 772 kHz. However, AT&T typically uses 
closer to 1.5 MHz for the T1 line bandwidth. 





Analog 






Channels 
54321 







ro 


Ch. 1 , eth et Framing 
a bit 








Analog 
in 


Digital 
encoder 
(digitizer) 


Digital 
divider 


FIGURE 12-19 24-channel PCM T7 system with individual Codec per channel 
multiplexing. | 
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| Frame | 
amas bits Fee ee a 

| 125 us | 

| N | 

| op) | 

| z | 

| | |S ) | Chet 
|<——— Ch. 1 >} Ch. 2 ——> «+» ke#&§ ——Ch. 24 ——>}_ |«— (2nd ——~ 
| | | | sample) 

I I 


1234567812 3 4 8 1234567 8 


(1 =MSB) One digitally 


(8= LSB) encoded sample +. git bit is borrowed 


every 6th frame for 
transmitting supervision and 
signaling information. Framing bit 
for synchronizing 


FIGURE 12-20 77 PCM frame. 


7. Figure 12-20 illustrates the 8-bit samples for one 24-channel frame and 
the framing (synchronizing) bit. Notice that each frame takes Ysooo sec 
= 125 us and that each bit gets a slot of time equal to 125 us/193 
bits = 648 ns. The transmission format used is AMI with a 5O-percent 
duty cycle. Consequently, each pulse is only 324 ns wide. 

8. Also indicated in Figure 12—20 is the fact that during every 6th frame, 
the Sth bit (LSB) of each channel is borrowed by the microprocessor- 
controlled CPU, allowing numerous. loop supervision signals, including 
off-hook conditions, rotary-dial pulses, call charging information, and so 
forth. 

The signaling rate can be determined as follows: 


6 frames X 125 us/frames = 750us 


for a signaling rate of 4750 us = 1¥%s kb/s. During the 6th frame, the 
LSB is borrowed from each channel, resulting in more quantization dis- 
tortion; but this only occurs 17 percent (Yeth) of the time. 


| O—8 a D/A circuit, digital-to-analog converters are dis- 


ac cussed first. 
PCM TELEPHONE CIRCUITRY 
The circuits which perform the coding and decod- Digital-to-Analog Converters (DACs) 


ing (codecs) in PCM systems are A/D and D/A The receiving end of a PCM system accepts a dig- 
converters. Since most A/D converters incorporate itally encoded serial data stream. Framing bits help 
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to separate the encoded samples into their respec- 
tive channels, then the receive side of each codec 
clocks the encoded samples into a register for 
short-term storage (buffering) and serial-to-parallel 
conversion. A D/A converter circuit will convert 
the parallel digital bits (a;-d, in Figure 12-21) to 
an analog voltage equal to the original sample with 
some quantization error. 


O10 1 Regenerated 
serial digital 
°°* word pulses 
( 
Serial input 


a, 
| 0 Fed 
ai aes 
oa 


FIGURE 12-21  Serial-to-parallel and digital-to- 
analog conversion. 
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The Binary-Weighted Resistor Converter A 
binary-weighted resistor type DAC is illustrated in 
Figure 12—-22A. Here, Q,-Q, are MOS transistors 
used as switches activated by the parallel data 
word. Each closed switch sets up an amount of 
current determined by the reference voltage and 
series resistance 2" "R. A high-gain IC is used in 
a current-summing op-amp configuration, and the 
currents from each of the high data bits are 
summed in feedback resistor RA, to produce an out- 
put voltage V,. As an example, Figure 12-22A 
shows that, if ad, is high and MOSFET Q, conducts 


V 
(assume fet K A), hcg = 2 flows through F;.* 


If, say a, is also high and Q, conducts, /og = 


*Because of the high-gain IC and feedback resistor Ri, 
V_ = V, = O, and the voltage across A is only V. Assum- 


ing an ideal IC with Z,, > ©, all the current, / = V/R, must 
flow through A, thus maintaining V_ > V4. 


MSB QO, 





Current generator and 
reference voltages 


FIGURE 12-22  Binary-weighted resistor digital-to-analog converter (DAC). 
(A) Weighted resistor DAC. (B) Weighted current source implementation of binary- 


weighted resistor DAC. 
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Thus, /iss is 2° ” times greater than sg, and for a 

A-bit D/A, will have 2“—” = 8 times more weight 

in determining Vy. 4, Will be the sum of /, through 
4 


lk log = Dh) aN Va = Ry low 


(=) 


Figure 12—22B shows an LSI implementation 
of the weighted-resistor DAC. The bipolar transis- 
tors are current sources for each weighted bit and 
are switched on or off by means of the control 
diodes connected to each emitter. The base of 
each transistor remains biased to + 1.2 volts, so 
that when an input bit is high, the transistor current 
source IS On. 

Difficulties arise in implementing high-order, 
weighted-resistor DACs due to the large values 
of resistors. For instance, if R = 10 kQ, then the 
LSB resistor for an 8-bit DAC is 2°-' & 10kQ = 
1.28 MQ. Not only does such a large resistance 
consume a large amount of space in an integrated 
circuit, but also problems arise with temperature 
stability and the differences in switching speed for 
each section. The ladder-type, or R-2R, DAC de- 
scribed in the following section avoids these 
problems. 


R-2R Ladder-Type D/A Converter The DAC 
shown in Figure 12-23 maintains constant imped- 
ance level R at any node 1 through rn and constant 
|, (except during switching transitions). Note that 
each switch, actuated by a parallel-data input bit, 
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is connected to ground or to ‘virtual ground” 
V—. Consequently /, = V,/R is a constant. How- 
ever, /, divides into 1/2” binary weighted currents 
at each node. These binary weighted currents are 
either shunted to ground or summed into /,,, to de- 
termine the output analog voltage V,, depending 
on the digital word status of a)—d,,. 


V 
hisg IS easily calculated to be ,and /_, Is 


determined by calculating the voltage at node n — 
1. Summing currents at node /n requires that / = 





iP > Feiss Thus, Yo—' = Ve == IR = Ve aa (I, = 
han = VY Oa | es We ee nat 
= oS ha ee ea = , SO tha 
MSB R R OR R 
Vin Va , 
|_, = — = —. Proceeding down the ladder, 
2R AR 
Vie . 
, = . The sum of currents Is, then, 
ZA 
Void, . Ge G.= d 
hoe = — (ot 4 et} (12-15) 
AA? 4 8 2° 


where d is either 1 or O, depending on the digital 
word to be decoded. As usual, for the inverting op- 
amp, Va = Ax hu. 

The advantages of the A-2AR ladder DAC are 
that only two resistor values (laser-trimmed) are 
used, impedance levels are constant at all nodes 
for constant switching speed, and except for |yce, 
the weighted currents are determined by resistor 


Va 
FIGURE 12-23 A-2R 
ladder-type digital-to-analog 
converter circult. 
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ratios (rather than absolute resistor values) for im- 
proved temperature tracking. 


Analog-to-Digital Converters (ADC) 


Numerous circuit configurations exist for convert- 
INg an analog signal into digitally encoded signals. 
The different circuits can be grouped into a few 
general converter types, and the choice of a par- 
ticular converter usually comes down to limitations 
of resolution and speed, versus complexity and 
cost. The most used A/D converters are the 
counter/ramp, tracking or servo, integrating (single- 
and dual-slope), successive approximation (SAR), 


Vp (Volts) 


ts 
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this circuit, the DAC converts the binary counter 
output to a staircase ‘ramp.’ The ramp voltage V, 
starts at V,,, and is compared in the comparator to 
the analog input voltage V,. As long as V, is 
greater than V, the comparator output is positive, 
thus enabling the AND gate to clock the binary 
counter. The 4-bit binary counter counts up from 
OOOO, corresponding to Vp = V,,,, until V5 ex- 
ceeds V,, whereupon the comparator output goes 
low, thus disabling the AND gate which, in turn, 
stops the counter (and ramp). The expanded region 
on the left of Figure 12-24 indicates an example 
in which the counter output contains the digital 
code (0101), which is proportional to V, at the 
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FIGURE 12-24 Counter/ramp analog-to-digital converter. 


the parallel (flash) converter, charge-balancing 
(voltage-to-frequency), and the more recent 
switched-capacitor converter. 

To illustrate the basic concepts, only the 
counter/ramp and successive approximation con- 
verters are discussed. 


Counter/Ramp ADC _ The analog signal sample 
is applied to a comparator while a staircase voltage 
or ramp builds up to the analog voltage value, at 
which point the ramp (and conversion process) 
stops and resets for the next sample. 

A circuit configuration for a continuous, 4-bit, 
counter/ramp ADC is shown in Figure 12-24. In 


e—— \/ 





FIGURE 12-25 Three samples taken on a full- 
scale, Vs, analog signal. Note the unequal sampling 
periods. 
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sampling instant t,. If a parallel inout data register 
(or latch) is connected as shown, the encoded 
sample is quickly entered at t,, and after a short 
delay, the counter is reset to zero, which returns 
V5 to Vii. The comparator output then goes high, 
enabling the AND gate to allow the sampling pro- 
cess to start up again. 

Incidentally, the register, which is not neces- 
sary for the A/D conversion process, could merely 
latch the data for parallel output or could be a 
serial-shift register for  parallel-to-serial data 
conversion. 


EXAMPLE 12-5 
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A major drawback of this type of encoder Is 
its unequal conversion times, as illustrated in Figure 
12-25. If V, = V,,,, the conversion is completed 
in one clock period 7; whereas, for V, = Vss, the 
conversion takes 


M 
MT = (12-16) 


f clock 





where M is the number of clock periods or steps. 
M = 2" where rn is the number of bits in the 
counter and DAC. 


A 4-bit counter and DAC are used with a 10-kKHz clock. 


1. Determine the maximum conversion time if the circuit is adjusted so that 
V... = QM, where gq = 100 mV is the minimum step voltage of the 
DAC. 

2. How long will it take to encode a 560-mV input signal, and what will 
the digital word be for this sample? 


Solution: 


1. M = 2* = 16 steps are possible with a 4-bit system, and Vix = QM 
= 100 mV X 16 = 1.6 volts. (Obviously an amplifier at the DAC 
output can extend this range. Or if better resolution is desired, the bit 

capacities of the digital counter and DAC must be increased.) T = 


1/10k = O.1 ms, so the conversion time is MT = 16 X 0.1 ms = 


1.6 ms. 
2. The first step would have been to calculate the minimum step size from 
Ves 1600mV ye . ; 
= — = —— = 100 mvV/step, but this information was given. 
M 16 7 560 mV 


The sampled analog value of 560 mV requires ———————___= 
100 mV/step 


steps. The conversion will be completed at the 6th step, as illustrated 


in Figure 12-26. The time required is 0.1 ms/step X 6 steps = 


= oe 


0101 
0100 
0011 
560 mV 0010 


0001 
100 mV 0000 


A 
FIGURE 12-26 Counter/ramp A/D conversion for a 560-nN sample. 


Va 
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(6,5 — O1 10,).* 


EXAMPLE 12-6 


0.6 ms. Since the counter stops at step 6, the digital word will be 0110 


*6,. = 0110, says “Six, base 10 (decimal), is equal to 0110 base 2 (binary).”’ 
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At what rate must a 4-bit counter/ramp ADC run in order to sample at 4 kHz? 


Solution: 


1 | 
— so each sample must be completed in ‘oo seconds. 
clock 


1 
Ficce 4000 ' 


16 
Therefore, —— hicck = 16 X 4k 


Successive-Approximation A/D Converter 

This very popular analog-to-digital converter has a 
block diagram similar to the counter ADC, but the 
binary counter has been replaced in the feedback 
loop by a digital programmer circuit called a suc- 
cessive-approximation register (SAR). (See Figure 
12-27.) With the programmer (SAR) controlling 


FIGURE 12-27 
Successive-approximation 
A/D converter. 


the DAC, a 1 Is applied to the most significant bit 
(MSB) and V, — 2 full-scale (FS). If the analog 
signal is greater than YeaFS, the comparator output 
is still high, so the SAR applies a 1 to the next 
significant bit. However, if the analog input is less 
than %2FS, as shown in Figure 12—28, the compar- 


Comparator 






= 64 kHz. 





ator output will go low and, in the next clock pe- 
riod, the SAR will remove the MSB-1 (MSB — 0) 
and apply a 1 to the next most significant bit po- 
sition. The SAR, getting feedback from the com- 
parator, continues Its routine of applying succes- 
sive 1s to lower (finer) bit positions of the DAC. 
After all bits have been tried, the digital output of 


P 
rogrammer Clack 


Digital 
output 
data 


the SAR indicates the closest approximation to the 
analog signal. A good analogy for the SAR routine 
is putting successive half-weights on a balance 
scale. If the first applied weight (/2FS) is too much, 
you remove it and put a smaller weight (/2 X 
YoFS = Y4FS), and so forth, until the best balance 
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is achieved. The good conversion efficiency of this 
technique means that high-resolution conversions 
can be made in very short times. An additional ad- 
vantage for the SAR over the counter/ramp con- 
verter is that each analog sample is completed in 
the same amount of time; that is, conversion time 
remains constant. 

As an example, a 4-bit SAR clocked at 10 
kHz will convert the smallest and the largest analog 
input signals in 0.4 ms. Recall that, for the equiv- 
alent counter/ramp ADC, a full-scale analog signal 
took 1.6 ms. | 

A final A/D conversion technique, the servo 
or tracking converter, is quite different from the 
other techniques because single-bit digital words 
are generated that represent the difference (delta) 
between the actual input signal and a quantized ap- 
proximation of the preceeding input signal sample. 
In other words, this is a delta modulator. Delta 
modulation and adaptive delta modulation were 
discussed in chapter 11. 


Codec 


An example of a per-channel PCM codec (COder/ 
DECoder) for voice is Motorola's MC14407/4 24- 
pin C-MOS device shown in Figure 12—29. As seen 
in the block diagram, the analog voice input goes 
to a sample-and-hold circuit, followed by analog- 
to-digital conversion by the successive approxi- 
mation technique. You can get w- or A-law com- 
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FIGURE 12-28 One 
Sample sample taken with a 4-bit 
period SAR. 


- panding by specifying the 14407 or the 14404 de- 


vice. As is typical for codecs, the DAC Is part of 
the A/D conversion loop, and handles the D/A con- 
version for decoding input PCM, as well. Typical 
dc power consumption for this LSI chip is 830 mW, 
whereas 1 mW is used in the power-down mode. 


Telephone Dialing Tones— 
Synthesizing and Decoding 


The telephone system is still in the process of con- 
verting dialing signals from 10 Hz dc interrupt 
pulses to dual-tone pairs. Since only seven tones 
(and an eighth, 1633 Hz, for special functions) have 
to be generated, a simple synthesis technique Is 
used. Typically, an off-chip 3.5795-MHz (TV 
chroma oscillator) crystal is used for generating the 
reference. The reference is divided in two separate 
counters controlled by the telephone touch-tone 
keyboard logic. The output sinewaves are digitally 
synthesized in ROMs (or a programmable logic 
array) and converted to the low-distortion sine- 
waves in separate DACs. The two tones, one from 
the high-frequency (1209-1477 Hz) group and the 
other from the low-frequency (697-941 Hz) group, 
are linearly summed in an op-amp and low-imepd- 
ance line driver. 

Each number touched for dialing causes two 
tones to be transmitted over the telephone line. As 
an example (see Figure 12-30), when is 
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Senne control ee Pie digital data 
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FIGURE 12-29 Codec block diagram. Derived from Motorola’s MC 14407/4 
full-duplex, 8-bit companded PCM Codec. 


(Special 
function 
keys) 


FIGURE 12-30 Two-tone 
frequency grid for 
multifrequency ‘'touch-tone*“’ 
dialing. 





touched, 697 Hz and 1209 Hz are simultaneously 
transmitted. Various decoding techniques are avail- 
able for receivers. One technique for touch-tone 
decoding consists of seven phase-locked loops, 
each of which can lock to one of the dial tones: if 


circuit of Figure 12-31. The VCO is set by AR, and 
C, to the tone frequency to be decoded. 

The PLL consisting of PD(A), loop compen- 
sation filter A,C, C3, op-amp, and VCO, will lock to 
the input tone and provide a coherent reference to 


the appropriate sequence of numbers is decoded, 
your phone rings. An example of an IC with only 
one of these touch-tone decoder PLLs is the 567 


the quadrature detector PD(B). Because PD(B) op- 
erates in quadrature (90°) to the PLL detector, it 
becomes a coherent half-wave rectifier at the in- 
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FIGURE 12-31 567 /C touch-tone decoder. This circuit decodes (detects) only 
one telephone “ringing” tone. 
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FIGURE 12-32 Phase relationships for quadrature phase detectors of 567 IC. 


stant of tone acquisition (lock) and produces a pos- shows the phase relationships for these detectors. 
itive dc voltage, which drives the inverting com- (These phase relationships and the resultant out- 
parator low to indicate “lock-up.”’ Figure 12-32 puts were discussed in chapter 10.) 
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Problems 


1. 


How many bits would be required to define 
all the characters for a 54-key computer ter- 
minal? (Assume a 1:1 correspondence—that 
is, no character/figure shifts.) 


. We want to quantize a signal into 35 different 


levels. 

a. How many bits of binary are required? 

b. Calculate the coding efficiency for this 
system. 

c. Repeat a and b for a decimal system 
(base 10 versus base 2). 


. A 5-bit binary signal is transmitted in 100 ps. 


a. Calculate the information rate. 

b. What is the absolute minimum bandwidth 
required for regular NRZ signals in an ideal 
noiseless transmission system? 

a. If the bandwidth of a telephone line is 4 
KHz, what is the highest information rate 
that can be transmitted as binary, assum- 
Ing an ideal noiseless channel? 

b. What is the highest information rate for a 
4-level encoded PAM transmission? 

Determine the channel capacity of a 4-kHz 

channel with S/N = 12 dB. 

How many levels must be used to achieve full 

transmission capacity for problem 5? 


. a. Determine the power in a 100-mV peak, 


NRZ squarewave on a 600-2) channel (in 
uVWV and dBm). 

b. Repeat for the NRZ signal narrowed to a 
20-percent duty cycle pulse. 


a. Calculate the amplitude of the second 
harmonic for the signals of problem 7(a 
and b). 

b. How many dB below the fundamental 
(first harmonic) is the second harmonic 
for problem 7b? 


. Use the equation in Figure 12—5 to prove that 


the amplitude of the second harmonic of a 
perfect squarewave is zero. 
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10. 


V1, 


i2; 


1a. 


15. 


A 48-channel PCM system samples voice at 

8 kHz and encodes the samples with 8-bit 

words (characters). If 2 bits are added (for 

framing) after the 48 channels are multi- 

plexed, determine the following: 

a. Number of bits/frame. 

b. Number of frames/sec. 

c. Number of bits/sec (the baud rate). 

d. What kind of multiplexing (FDM, TDM, 
CDM, or FBM) is being used? 

e. Calculate the absolute minimum (Nyquist) 
bandwidth required. 

Do problem 10 for 40 channels and one fram- 

ing bit. 

An analog voice signal is to be linearly quan- 

tized into 64 discrete levels. 5 volts are 

available. 

a. How many bits are required? 

b. The resolution g is how many volts? 

c. The quantization noise (noise margin) is 
how many volts? 

d. Calculate the quantization noise power in 
600 Q). | 

e. Calculate the dynamic range of this 
system. 

A linear PCM system uses 6 bits and trans- 

mits 5-volt pk-pk binary pulses. Compare the 

noise immunity of 5-volt pulses to the peak 

quantization noise. Put the answer in dB. 

(Noise errors occur if noise peaks exceed 

one-half the voltage level separations). 


. The dynamic range capability of a binary 


transmission system is 50 aB. 

a. What is the minimum number of bits to 
use for PCM (noncompanding; i.e., linear) 
in this system? 

b. What will be the coding efficiency? 

A 5-volt peak sinusoid is quantized into 64 

levels. 

a. Calculate the maximum signal-to-quanti- 
zation noise ratio for this system in aB. 

b. If S/N, must exceed 40 aB, determine the 
number of levels and bits required for 
PCM. 


PROBLEMS 


16. 


17. 
18. 


1g. 


20. 


Which companding law is a French engineer 
most likely to specify for a codec? What does 
companding improve ? 

What is a codec and what does it do? 

The weighted resistor DAC of Figure 12—22 
has a reference voltage of 5 Volts and A; = 
1 kQ. If the LSB is to produce 25 mV at V,, 
determine FR for the 4-bit DAC. 

The LSB resistor for a 7-bit, weighted-resistor 
DAC would have what value, if R = 10 kQ)? 
Show that Z = A for the A-2RA ladder net- 
work of Figure 12-33. 


22. 


29: 


24. 
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c. What is the digital output word transmit- 
ted? (Write the final 1s and Os.) 

What two tones are transmitted when the 

key is touched (DTMF)? 

a. What will be the polarity and magnitude 
of the dc voltage from the unfiltered out- 
put of detector PD(B) of Figure 12-32? 
Assume a 200-mV rms sinewave. 

b. Repeat for a large capacitor on the detec- 
tor output. 

A touch-tone decoder has the following pa- 

rameters: f,p = 1633 Hz + 1%, k, = 





2% 


A O-to-5 volt max analog signal is to be ap- 
plied to an 8-bit SAR A/D converter running 
at 8 k samples/sec. If the input analog is 4 
volts dc, 

a. Sketch the voltage applied to the analog 
approximation side of the comparator (Vp, 
Figure 12—27) for the full sampling period. 
(Use at least a 2-inch, full-scale grid.) 

b. How long does it take for the analog ap- 
proximation of part a to be within 5 per- 
cent of full scale (5V)? 


FIGURE 12-33 


0.01V/radian, k, = 20, and k, = 1 kHz/ 

volt. 

a. If the VCO drifts to its spec limit, how 
many cycles is it from center frequency ? 

b. Assume the VCO is off-center by 8 Hz 
when an exactly correct touch-tone ar- 
rives. Calculate the static phase error after 
lock-up. 

c. Calculate the VCO input voltage after 
lock-up. 
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Introduction 


Much of the quantitative groundwork for digital 
communication systems was laid in chapter 12. In 
particular analog-to-digital conversion was dis- 
cussed, using the voice PCM system as a model. 
Telephone PCM systems are also used for trans- 
mitting computer information. 

This chapter begins to explore data commu- 
nications. While voice communications are impor- 
tant to all of us, the world of digital communication 
is primarily computer/terminal data transmissions. 

A short listing of data services will give an 
idea of the expanding services involving data 
communications: 


e Teletype mail exchange (TELEX and TWX); 
Western Union, Facsimile 


e Direct Distance Dialing and WATS (AT&T), 
SPRINT (GTE), Dataphone (Switched) Digital 
Service (AT&TIS), and the developing inter- 
national integrated-services digital network 
(ISDN) 

e TELENET and TYMNET (US), DATAPAC 
(Canada), TRANSPAC (France), and AT&T's 
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Advanced Information Systems (AIS)/Net 
1000 


e US satellite networks (Satellite Business Sys- 
tem [SBS], MCI, Western Union, RCA, SP 
Communications) 


Data services provide multiplexed terminal 
transactions over distances of a few feet via cable 
to thousands of miles via satellite repeaters. One 
of the reasons that digital equipment continues to 
replace analog is because experience has shown 
that time-division multiplexing equipment is less ex- 
pensive than frequency-division multiplex equip- 
ment. Another reason is security: digital signals can 
be processed in encoders, scramblers, and so forth 
in such a way as to encrypt messages; the re- 
ceiver, programmed with the code, can decipher 
the transmission to recover the message. Finally, 
digital signaling such as PCM can operate virtually 
error-free if the system signal-to-noise ratio can be 
maintained in excess of about 20 aB. 

Standardization of the signals used for com- 
munications between terminal equipments pre- 
ceded the tremendous growth in digital information 
transfer. We now turn to a discussion of the stan- 
dardized digital bit patterns (codes) used in com- 
munication links between terminals. 








13-1] 
CODES 


Digital communication codes go back in history 
well before the harnessing of electricity. The first 
well-known electrical code was Samuel Morse’s 
code of long and.short bursts which could be (and 
still is) adapted to electrical and light bursts. The 
Morse code is a binary code using two unequal 
length symbols—dash and dot, or long/short. 

The codes used in computers and data com- 
munication machines today are more structured, 
having equal length characters (digital words) made 


up of equal duration symbols (bits). The earliest of 
these codes was a five-bit code of J.M.E. Baudot, 
a variation of which is the CCITT-2 code of Table 
13-1; it is still used in some teletype (TTY) sys- 
tems. One example is Western Union's TELEX,* 
operating at 66 English words/minute (50 bits/sec). 
Notice how each five-bit code word is used to rep- 
resent one of the 26 letters of the alphabet, as well 
as another keyboard character (figure) by using the 


* TELEX is an international message service using tele- 
graph circuits. Another Western Union service called TWX 
(“Twix’’) is a U.S.-based teletype message service which 
uses the dial-up public telephone network. 


CODES 


TABLE 13-1 Two digital codes 


Bit Numbers 
ARQ CCITT-2 
1234567 12345 


0001110 
0100110 


0011010 
0011001 
1001100 
0011100 
0111000 
001001 1 
1100001 
1010010 
1110000 
0100011 
000101 1 
1100010 
1010001 
1010100 
10001 10 
1001010 
0001101 
1100100 
0101010 
1000101 
0110010 
1001001 
0100101 
0010110 
0010101 
0110001 
00001 11 
1101000 
1011000 
100001 1 


(letter shift) 


A 
B 
C 
D 
E 
F 
G 
H 
| 
J 
K 
L 
M 
N 
O 
P 
Q 
R 
S 
I 
U 
V 
W 
X 
x 
Z 
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Character 


(figure shift) 


(blank) 

(space) 

(line feed) 
(carriage return) 


Characters within parentheses are telegraph function signals and are not printed. 


‘figure shift.” The 58 characters shown would not 
have been possible with a five-bit code (2° = 32). 

The most frequently used digital communi- 
cations code today is the ASCII code.* This is a 


*American Standard Code for Information § Inter- 
change. 


seven-bit code, and an eighth bit may be added for 
parity. With seven bits, 2’ = 128 different sym- 
bols can be defined. As seen in Table 13-2, ASCII 
includes numbers, upper and lower case letters of 
the alphabet, and numerous typewriter symbols 
(comma, colon, etc.), as well as data-link control 
codes such as STX (Start of Text) and ACK (Ac- 
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TABLE 13-2 The U.S. ASCII code 


Bit 
position 
1234 





Meaning of nondisplayable data link control characters: 


NUL = Blank 
SOH = Start of header 
STX = Start of text 
ETX = End of text 
EOT = End of transmission 
ENO = Inquiry 
ACK = Acknowledgement 
BEL = Bell 
BS = Back space 
HT = Horizontal tab 
LF = Line feed 
VT = Vertical tab 
FF = Form feed 
CR = Carriage return 
SO = Shift out 
SI = Shift in 
DLE = Data link escape 


knowledge). The parity bit is used for detecting 
transmission errors and will be discussed under 
“Error Detection.”” When used in asynchronous 
transmissions, stop and start bits are used to sep- 
arate one digital word from the next. With ASCII, 
the first bit transmitted is a O for the START bit, 
followed by the seven-bit character plus parity, and 
closed by a two-bit-long 1 for STOP. The total 
asynchronous (nonsynchronized clocks) ASCII 
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| | -ACNKXxKXES<CHHNDOND 
oI—N< x S$ < CHe#HNAAQDTD 
MMUADWPAOANDARPWNH—D 


A 
B 
o 
D 
= 
F 
G 
H 
| 
J 
K 
L 
M 
N 
O 


eo 


DC1 = Device control #1 
DC2 = Device control #2 
DC3 = Device control #3 
DC4 = Device control #4 
NAK = Negative acknowledgement 
SYN = Synchronous idle 

ETB = End transmitted block 
CAN = Cancel 

EM = End of medium 
SUB = Start special sequence 
ESC = Escape or break 

FS = File separator 

GS = Group separator 

RS = Record separator 

US = Unit separator 

SP = Space 

DEL = Delete 


character format, then, requires 11 bits as seen in 
Figure 13-1. 

Another code used in computers and instru- 
mentation control, especially where numerical cal- 
culations or decimal number displays are involved, 
is the Binary Coded Decimal (BCD) system. An ex- 
tension of BCD for communications use Is an eight- 
bit code called EBCDIC, for Extended BCD Inter- 
change Code (see Table 13-3). This code, like 


ERROR DETECTION 


Stop bit 





Start bit 





11 bits 


FIGURE 13-1 
systems. 


ASCII format for asynchronous 


ASCII, includes the alphabet, decimal numbers, 
control codes, and other symbols. However, parity 
is not included. 


Codes for Error Control 


Digital codes have been devised which are specif- 
ically designed to reduce the effects of noise. One 
of these is an example of exact-count or constant- 
ratio codes in which the number of 1s are the 
same for each code word. 

The first of the exact-count codes is the 
“ARQ.” It is listed in Table 13-1 next to the 
CCITT-2 because the seven-bit ARO code defines 
the same set of figures and letters as the CCITT-2 
code. However, each seven-bit digital word of the 
ARO code has exactly three 1s, so that a simple 
count can detect transmission errors. 

Another code in which errors are easily de- 
tected is the Gray code of Table 13-4. The Gray 
code is especially useful for encoding slowly 
changing telemetry data. Notice that from one data 
word to the next, there is only a one-bit change. 
Thus, if a normally slow-changing parameter, like 
temperature in a satellite package, Is being moni- 
tored or the fine control of a positioning motor is 
being relayed by a telemetry link, short-term errors 
due to noise can easily be detected. An additional 
benefit of a one-bit-change code for this applica- 
tion is the reduced signaling rate and consequently 
narrower bandwidth required. 

As an example, suppose a thermistor used as 
a transmitter temperature monitor is transmitting 
1000, = 8,, to the satellite control station. The 
earth station chart recorder is expected to be vary- 
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ing between 7 and 9 or, perhaps, indicating a 
Steady rise or fall in the temperature reading. The 
CCITT-2 code reading 01100 will equivalently vary 
between 11100 (a one-bit change) and 00011 (a 
four-bit change) from the nominal. A fundamentally 
important principle in electronic communications is 
that slowly changing signals require less channel 
bandwidth, and reduced channel bandwidth per- 
mits less noise to enter the system. In addition, 
short bursts of 01110 = “colon” or 01101 = 
‘“zero’’ can be ignored as transients. 

One actual application was on the P/8-1 Or- 
biting Solar Laboratory. A position monitor was 
mounted on the side of the revolving spin stabilizer 
and generated a Gray code relating to light reflec- 
tivity from the earth. 


13-2 
ERROR DETECTION 


One way of overcoming the effects of noise and 
interference in data transmission systems, other 
than by increasing the transmitted power, is by de- 
tecting the occurrence of errors and by getting a 
retransmission or by using codes that allow the 
data to be corrected at the receiver. 

Besides the purely random thermal and shot 
noise encountered in communication systems, we 
find that transient noise can be devastating in data 
transmission. For instance, a 10-ms transient in a 
voice system (telephone) will sound like a ‘‘click.”’ 
Enough of these will be annoying but the message 
can be transmitted. The same 10-ms “‘glitch” in a 
1200-bits-per-second data transmission will oblit- 
erate 12 data bits; this could wipe out a few peo- 
ple’s bank accounts! 

We must design into our data systems meth- 
ods for detecting and correcting errors. The sim- 
plest error detection scheme Is parity. Parity is a 
simple technique for detecting the occurrence of 
errors in a digital signal transmission. A parity cir- 
cuit like that of Figure 13-2 can examine the “1” 


TABLE 13-3 The EBCDIC code 


Code 
bit 
position 


1234 / / O / O / O 7 O / 


O / O / O 
Q000 NUL DLE DS 1 & : 
1000 SOH DCT SOS / 
0100 31% OC2 Fs SYN 
1100 ETX  DC3 
0010 PE RES BYP PN 
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ERROR DETECTION 


TABLE 13-4 Gray code 


Bit position Character 
1234 or value 





O 
| 
Z 
3 
4 
5 
6 
7 
8 
9 


7-bit (parallel) code 


bits of each transmitted character (digital word) 
and produce an additional 1 or O to make the total 
come out even (even parity) or odd (odd parity). 
The same circuit can be used to check parity at 
the receiver. If the parity check Is false, an error 
has occurred. 

As an example of determining the parity for 
a single character, take a character from the ASCII 
code and format, as in Figure 13-3. Suppose the 





ee_—_—e—_n_s —— bit 


7-bit message word 
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seven-bit digital word is (LSB) 0011010 (MSB). If 
we decide that the system should be based on 
even parity, then the parity generator looks at the 
seven bits, finds that there are an odd number of 
1s, so that the parity bit must be a 1 in order to 
make the total (8 bits) come out even. For even 
parity then, the parity generator inserts the 1 into 
the data stream, and the transmitted eight bits are 
00110101. 

At the receiving-end computer or terminal, 
the eight bits are examined by a hardware- or soft- 
ware-implemented parity checker which counts 
the number of 1s (actually, modulo-2 addition) and 
outputs a digital pulse to indicate whether or not 


FIGURE 13-2 _ Parity 
generator/checker. Used as 
a parity-bit generator, 
ground P., for odd parity or 
tie high (1) for even parity. 
As an even parity checker, 
P., will go high (true) for a 


valid check. 


out 


the received eight-bit character, in fact, has the 
correct parity. 

If the parity check is negative (wrong parity 
received) then, depending on the system protocol, 
the transmitted character is either simply rejected 
or the transmission is delayed while the receiver 
signals the transmitter to repeat that character. If 
a repeat request is to be made, there must be a 
return transmission channel available to carry the 


FIGURE 13-3 ASC// 
Character format. Note that 

time 0, the LSB, is the first bit 
of the digital word to be 
transmitted. 
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request for retransmission. It must also be realized 
that, for such a system, the actual rate of data 
transmission will vary with the number of repeats 
so that the actual system data rate will be error- 
rate dependent. Automatic repeat request (ARQ) 
techniques are discussed with *’Protocols.”’ 

Let us look at the operation of the parity gen- 
erator using the above character sequence: The 
exclusive-OR adds two bits and produces an out- 
put indicating if the sum is even ("0") or odd (""1"’). 
A truth table is included with Figure 13-4. The ex- 





Truth table 


Exclusive-OR 


FIGURE 13-4  Exclusive-OR circuit symbols and ~ 


truth table. 


OR circuit performs modulo-2 arithmetic. All the 
ordinary rules of addition or, equivalently, subtrac- 
tion are obeyed except that in modulo-2 addition 
1 + 1 = O, and there are never any “carries.” 
With this instant review, follow the seven-bit 
digital word, 0011010, through the parity genera- 
tor of Figure 13—5 to see if it produces a 1. Since 
we want even parity, P,, is tied high (P,, = 1). 


FIGURE 13-5 _ Parity 
generator (even). Even 


parity is being generated for 0 

a /-bit digital word. For an 

ASCII format transmission, +Vee 
this parity bit is added as 4 


the eighth bit. 
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Now try an even seven-bit digital word like 
1011010 and confirm that P,,, will be a “0.” You 
can also show that the inverter is not required. If 
it is deleted, make P,, the opposite polarity. 

As a parity checker, the circuit of Figure 
13-5 has the 8-bit word (7-bit character + parity) 
as the input. If the output is 1, an even parity word 
was received. If the output is O, an odd parity word 
was received. 

Perhaps the greatest drawback to the parity 
check as a form of coding for overcoming noisy 
transmission environments is that an even number 
of errors will go undetected. For instance, if an 
even (or odd) character has two bits inverted dur- 
ing transmission, the received character will still be 
even (or odd). 

Another limitation to the simple parity being 
discussed is that an error occurring between trans- 
mitter and receiver can be detected, but there is 
no provision for determining which bit was in error, 
only which character. A scheme has been devised 
to determine which bit of a character is in error so 
that the bit can be corrected at the receiving 
terminal. 


Error Detecting and Correcting 


One scheme for correcting detected errors is 
based on the generation of a parity word, or char- 
acter, for a group (block) of data characters. Figure 
13-6 shows five consecutive characters, including 
their parity bits (even), to form a block of data. The 


) > 1 = "true" 


ERROR DETECTION 


001101 
110110 
Block 101010 1)0| 
011011 
000101 


——_—SS SS SS 5 


(Longitudinal Redundancy Check, LRC) 


block check character (BCC) is easily determined 
as the parity of the individual columns. Thus, for an 
even parity system, we see that the BCC is 
00111100. This block check character is transmit- 
ted after the block of five data characters, and cir- 
cuitry (or software) checks the parity of the rows 
and columns. The intersection of the row and col- 
umn with a parity error is the location of the in- 
correct bit. Correction is achieved by merely in- 
verting the bad bit. This scheme is no more 
foolproof than other parity schemes because parity 
in the columns (the LR check) is defeated if a dou- 
ble error occurs in a column. There are numerous 
possibilities for an even number of errors in rows 
and/or columns for a system in a noisy environ- 
ment, but this scheme is useful in a low-noise en- 
vironment in which system security depends on 
correct data and when duplexing for retransmis- 
sion of data is not feasible. 


Cyclic Redundancy Checks 


One of the most effective techniques for detecting 
multiple or singular errors in data transmissions 
with a minimum of hardware is the cyclic redun- 
dancy check (CRC). 

A typical block diagram for a CRC system is 
shown in Figure 13-7. 
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a Character parity bit 

ne y (Vertical redundancy check, VRC) 
1 

0 


FIGURE 13-6 _ Vertical 
and longitudinal checks. 


There are shift-register/exclusive-or arrange- 
ments like this at the transmitter and the receiver. 
The shift registers are initialized to zero and the 
message is transmitted; simultaneously, it is 
passed into the transmitter’s CRC block check reg- 
ister. At the end of the message, the transmitter 
sends the contents of Its block check register 
(BCR). The receiver initializes its identical BCR to 
zero and receives the message followed by the 
cyclic redundancy check. After the message and 
CRC have passed through the receiver BCR, the 
register contents must equal zero. This is true 
regardless of the particular placement of the ex- 
ORs, in the two BCRs. 

Sometimes the initializations are not zero 
(zero is not always the best choice for a final 
word), but the thing to realize is that, because of 
the feedback arrangement, the exact state of the 
register is dependent upon a lot of past history. 

The most common cyclic redundancy check 
registers are the CRC-12, CRC-16, and internation- 
ally, the CCITT’s recommended V4.1. The V41 sys- 
tem, shown in Figure 13-8, is a 16-stage shift reg- 
ister intended for low-speed data transmission with 
data split into blocks of either 220, 460, 940, or 
3820 bits, depending on the transmission link. This 
CRC system has a 99.95 percent chance of de- 
tecting bursts of errors up to 12 bits in length. 
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B 


FIGURE 13-8 CCITT-V41 CRC system. The generator polynomial, P(x), is X'° 


te Xe TF 


The calculations performed by CRC systems 
such as Figure 13-8 involve a division of the mes- 
sage signal, called the message polynomial G(x), by 
the specific system generator polynomial P(x). The 
quotient is discarded, and the remainder is trans- 
mitted as the block check character. Details on 
these calculations as well as examples are to be 
found in McNamara,* as well as other telecom- 
munications sources. 

Some of the first work in error correction 
coding was done by R. W. Hamming at Bell Labs. 
Codes developed by adding check bits within sim- 
pler nonredundant codes, then performing multiple 
parity checks at the receiver are called Hamming 
codes. The hamming distance is the number of bits 
by which any two code words differ. To provide 
for error detection, the hamming distance must ex- 
ceed 1 bit; to provide for error correction, the ham- 
ming distance must exceed 2 bits. The addition of 
redundant (noninformation) bits is a common tech- 
nique for improving the reliability of data commu- 
nications in a noisy environment. Indeed, system 
S/N improvement, called coding gain, has been 
computed for several digital modulation tech- 
niques, and coding schemes including convolu- 
tional, Golay, BCH, and Hamming codes.** 

Since the name of the game in communica- 
tion systems is to overcome noise, we next turn 
our attention to the characterization of noise in dig- 
ital data systems. 


*McNamara, John E., Technical Aspects of Data 
Communications. Digital Equipment Corporation. 

**Freeman, R. L., Telecommunication Transmission 
Handbook, 2nd edition, pp. 623 and 624, Wiley-Intersci- 
ence, 1981. 


13-3 
NOISE AND DATA ERRORS 


As stated in the section on data codes for error 
detection and correction, noise transients can be 
devastating in data communication systems. The 
example of 12 bits being obliterated by a 10-ms 
noise transient in a 1200-baud transmission illus- 
trated the point. Also, in chapter 12, we found that 
quantization noise is an unavoidable part of the an- 
alog-to-digital conversion process in PCM systems. 

In this section, the effects of random thermal 
and shot noise on the quality of digital information 
transfer is discussed. 

As illustrated in Figure 13-9, if a noise peak 


aia i instant 
y 


Decision 


level 
—V 


FIGURE 13-9 _ Noisy data at the receiver. 1011 
was transmitted. An error is registered in the first bit. 


exceeds one-half of the peak-to-peak signal voltage 
at a sampling instant, the sampled data bit will be 
in error. If the noise distribution (a statistical quan- 
tity) is known, the probability of error occurrence 
can be analyzed and characterized in terms of the 
average number of errors versus the average 
signal-to-noise power ratio. 

The thermal and shot noise in receivers tends 


NOISE AND DATA ERRORS 


to be statistically random white noise, and the 
noise peaks, around the average data voltage V, 
tend to have a Gaussian or normal distribution, as 
seen in the familiar bell-shaped curve of Figure 13— 
10. 


Probable values of received voltage 
when + V has been transmitted. 


P(v) 










1g — v)/27,? 
“Ns — ev 12Vp 
/ x me v,V 20 


0 +V 


Errors occur for v v2 OC noise power 


in this range. 


FIGURE 13-10 Gaussian ‘normal’ noise 
distribution. V is the value of signal without noise and 
v, Is the rms noise voltage. 


The curve of Figure 13-10 shows that noise 
is clustered around the value V, which would be 
measured in the absence of noise. Hence, this 
curve gives a relative measure of the occurrence 
of different values of voltage during the time that 
a digital 1 is being received. Notice that + V is 
more likely to be measured at the receiver than 
other values. Also notice that, when the randomly 
occurring voltage values drive the received voltage 
below the decision level of O volts, the receiver 
might record a data error. The dotted curve is the 
case when less noise is present—that is, when 
V,, the rms noise voltage is reduced. 

The probability of a data bit error occurrring 
is determined by calculating the area under the 
noise distribution curve (called a probability density 
function, pdf). The area to be calculated, shaded in 
Figure 13-10, Is for all possible noise pulses with 
amplitude greater than V with a negative polarity. 
The integration necessary to determine the 
(shaded) area has no closed-form solution, but be- 
cause of its importance in many areas of engineer- 
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ing design, it has been solved by numerical meth- 
ods and put into tables and graphical form. 
Figure 13-11 shows the final results of the 


Bit error rate, BER (errors/bit) 


Probability of error, P., or 





6 8 10 12 14 16 #18 20 
S/N (dB) 


FIGURE 13-11 Bit error rate versus S/N for 
binary transmissions in white Gaussian noise. 


analysis for binary transmissions in a Gaussian 
noise environment. The probability of error P, is the 
same as the bit error rate (BER) and is shown as a 
function of signal to noise power ratio in dB. The 
signal power is proportional to V7 in each bit inter- 
val, and v,, the rms noise voltage, when squared, 
is proportional to noise power NV. Hence, the S/N 
in dB can be calculated from 


S/N (dB) = 20 log V/V, (13-1) 


where V = peak received voltage (without noise) 
and v, = rms noise voltage. 

Examples of how the error function* curve is 
used follow. 


*Figure 13-11 is actually a plot of a complementary 
error function (erfc), which gives the probability that an in- 
stantaneous voltage measurement will have a value greater 
than V when the Gaussian noise has an rms value of V,. 
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EXAMPLE 13-1 


Output measurements on a binary data receiver indicate a signal-to-noise ratio 
of about 10 dB. Determine the number of errors expected in a message 
100,000 bits long. 


Solution: 


The bit error rate curve of Figure 13-11 gives BER © 1 X 107° (average 
number of errors/bit): an average of 1 error for every 1000 bits transmitted. 
Thus, we can expect about 100 errors in a 10°-bit message; that is 


# errors = (# bits/message) X BER = 
100,000 bits/message X 1 X 10° errors/bit = 100 errors 


EXAMPLE 13-2 


1. Determine the S/N required to achieve a 10 ° BER for a binary 

| transmission. 

2. If the received signal has a peak signal voltage of 100 mV (no noise), 
what is the maximum value of rms noise for the 10°° BER? 


Solution: 


1. The error rate curve for 107° shows S/N * 12.5 cB. 


100 mV 
2. 12.5dB = 20 log , SO 


n 


= 100 mV 
Vv. = —— = 23.7 mVrms. 


n 12. 
10 2.5/20 





The curve of Figure 13—11 can be used for il 34 
both NRZ and NRZ-bipolar signal formats. BER is 
used to compare various transmission systems and INTERCOMPUTER 
signal formats. What you will notice about these COMMUNICATIONS 
comparison curves is that they have a_ similar 
shape—either the complementary error function of One of the first considerations in determining how 
_ Figure 13-11, or an exponential function. to get one computer or terminal Communicating 


SERIAL TRANSMISSION INTERFACING 


with another is the distance separating the units. 
Internally, computers and terminal devices use par- 
allel transistor-transistor logic (TTL) circuits which 
operate at O to 5 volts or MOS levels. But TTL- 
level connections are severely distance-limited so 
that, for interconnecting devices separated by 
more than one meter, the parallel data are con- 
verted to a serial- (series-) data stream for trans- 
mission of all data on a single wire-pair circuit. The 
circuit which performs the parallel-to-serial and se- 
rial-to-parallel conversions in a computer terminal 
is called a programmable communications inter- 
face (PCI). More generalized circuits are called uni- 
versal data receiver/transmitters (UART and 
USART). 

Once the data are in a serial format, the serial 
data, along with data link control signals, are 
brought to an interface connector, usually on the 
rear of the terminal chassis. However, TTL-level 
signals are not usually brought out of the terminal. 
The TTL-level signals are usually converted to a 
higher-voltage bipolar format for interfacing equip- 
ment separated by up to 5O feet or so. The me- 
chanics of interfacing teletype systems are consid- 
erably different from the above and will be 
discussed in the section on 20-mA loop systems. 

For very short distances between terminals or 
other computer peripherals, the communications 
interface could be hardwired with a multiwire rib- 
bon or cable to carry the serial data and the control 
signals necessary to start and maintain a rationally 
organized and reasonably error-free flow of traffic 
using a preestablished protocol. Figure 13-12 illus- 
trates a simple interface between a terminal and 
computer. 

The interface shown in Figure 13-12 is lim- 
ited to approximately 60 feet (20 meters) due to 
external interference (RFI), cross-talk between 
wires, pulse-degrading capacitance, and the need 
for a lot of wire. Such limitations exist even when 
using low-impedance line driver/receiver circuits 
such as the 1488 and 1489 ICs. 

Medium- and long-distance data communi- 
cations require an additional unit with the general 
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Interface leads Computer 


OR 


Interface leads 


OR 
——————“§$“_ 


n (interface leads) 





FIGURE 13-12 Data terminal equipment (DTE) 
interface. Three ways of indicating multiple-lead 
interconnections are shown. 


name of data communications equipment (DCE); 
this is usually a modem. Data terminal equipment 
(DTE) will interface with the communications 
equipment which transmits and receives digital 
data over various transmission media, from copper 
or optical glass cables to microwave radio and sat- 
ellite links. 


13-5 


SERIAL TRANSMISSION 
INTERFACING 


A generalized single-line interface (computer/ter- 
minal to transmission line) is shown in Figure 13— 
13. The next sections will cover more specific 
systems and the system-level hardware design 
decisions necessary to determine appropriate 
interfacing. 

Data may be transmitted in either a synchro- 
nous or asynchronous mode. Synchronous trans- 
missions require the receiving DCE to synchronize 
its data clock to the received signal before actual 
data can be transferred. In asynchronous transmis- 
sion, the start and stop bits frame each data 
character. 

In general, data signals will be flowing in both 
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FIGURE 13-13 

Generalized interfacing for 
medium- to long-distance 
data communication. (DTE) 


directions on the transmission line. This is called 
duplex operation. It is full-duplex if communication 
signals can move in both directions simultaneously, 
and half-duplex if signals can flow in only one di- 
rection at a time on the transmission line. Simplex 
is the name given to a system restricted to signal 
flow in one direction only. The transmission line 
shown in Figure 13-13 can be any one of many 
different communication media such as a hard 
wire-pair or coaxial cable, telephone lines, micro- 
wave radio, or satellite links. The signals can be 
binary dc-level changes (current or voltage) or dig- 
itally modulated carrier schemes operating syn- 
chronously or asynchronously by the protocols 
(rules) commonly used in the industry or developed 
specifically for a particular application. A break- 
down of the major system-level decisions which 
must be made are listed in Table 13-5. 

For a complete discussion of data communi- 


RS-232 (or other) 
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serial data 


: erial d an 
conversion Serial data and 


data link control 
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Interface 









Signal level 
conversion. Serial 
data to "DC levels" 
or "Modulated 
carrier" 









Transmission line 





(transmission medium) 


DC levels or 
modulated carrier 


Data communication 
equipment (DCE) 


cation interfacing, we need to cover each of the 
topics in Table 13-5. But, as you will see, there 
are sO many combinations and _ permutations 
among the listings above, that reading various lit- 
erature and equipment data sheets can leave your 
head spinning. So study Figure 13-13 and Table 
13—5 and discussion will begin with the process of 
converting the computer data from its usual par- 
allel form to a serial data stream. 


UART for Asynchronous 


Communication 


The circuit used to implement the parallel-to-serial 
conversion and handle some of the terminal input/ 
output controls of Figure 13-13 is given different 
names by various manufacturers. There are also 
functional variations between the different devices, 
but in general, the circuit is an LSI (large-scale in- 


TABLE 13-5 System Design Choices for Serial Interfaces 


Transmission Network (Line) 
. Hardwire 1. Levels 


. Private dedicated telephone 


_ Switched (telephone) network 

a. acoustic coupled 

b. direct connection 

(i) auto answer 
(ii) auto dial 

. System multiplexing (trunks) 
. Microwave radio link 
_ Satellite (microwave) link 


2. Carrier 
a. FSK 


(APSK) 
Modes 


Transmission Line Signals 


a. 20 mA loop, TTY-type 
lines b. voltages, RS-232-C, stan- 
dards etc. 


b. Multilevel PSK and OAM 


1. Asynchronous 


2. Synchronous 





Protocols 


1. Asynchronous 
a. RS-232-C, CCITT, etc. 


2. Synchronous 
a. character oriented: bisync. 
b. bit-oriented: BOP 
(i) X.25 
(ii) HDLC 
(iii) SDLC 
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tegration) IC and is functionally a programmable 
communications interface (PCI). When the circuit 
is capable of universal application to many different 
computer terminals, the names UART (universal 
asynchronous receiver/transmitter) or USART (uni- 
versal synchronous/asynchronous_§ receiver/trans- 
mitter) are used. Other names for circuits which 
perform similar or complementary functions are 
data-link controller, communications controller, and 
asynchronous communications interface adapter. 
The most popular binary code for asynchro- 
nous communication is the ASCII code (see section 
13-1 on codes). In addition to having a serial data 
stream (typically seven bits), start, stop, and parity 


Input data to 
be transmitted 
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bits are included. These are usually added in the 
UART. Some UART chips include the clock cir- 
cuitry as well, and the clock rate is computer-con- 
trollable. Some of the control leads for various 
UARTs are shown in the block diagrams of Figures 
13-14 and 13-15. 

Figure 13-14 shows the transmitter section 
and receiver section of a UART capable of handling 
up to eight-bit codes (such as EBCDIC). Control in- 
puts select whether or not parity is to be computed 
and transmitted, whether or not one or two stop 
bits are to be added to the transmitted character, 
odd or even parity (if used), and the number of data 
bits in the character code (the choice of five- to 
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Full or Half Duplex Operation 
Transmits and Receives Serial Data 
Simultaneously or Alternately 


Automatic Internal Synchroniza- 
tion of Data and Clock 


Automatic Start Bit Generation 


Buffered Receiver and 
Transmitter Registers 


Completely Status Circuitry 
TTL I/O Compatible 
Single + 5 Volt Supply 


Fully Programmable 

Work Length 

Baud Rate 

Even/Odd Parity 

Parity Inhibit 

One, One and One Half or Two 
Stop Bit Generation 


ce td a Ei 


Automatic Data Received/Transmitted 
Status Generation 

(} Transmission Complete 

L) Parity Error 

L) Framing Error 

CL} Overrun Error 


Ceramic, CerDIP, or 
Plastic Packages Available 


Applications 


Peripherals 

Terminals 

Mini Computers 

Facsimile Transmission 
Concentrators/Modems 
Asynchronous Data Multiplexers 





General Description 


The AMI S1602 is a programmable Universal Asynchronous 
Receiver/Transmitter (UART) fabricated with N-Channel silicon gate 
MOS technology. All control pins, input pins and output pins are 
TTL compatible, and a single + 5 volt power supply is used. The 
UART interfaces asynchronous serial data from terminals or other 
peripherals, to parallel data for a microprocessor, computer, or other 
terminal. Parallel data is converted by the transmitter section of the 
UART into a serial word consisting of the data as well as start, 
parity, and stop bit(s). Serial data is converted by the receiver section 
of the UART into parallel data. The receiver section verifies correct 
code transmission by parity checking and receipt of a valid stop bit. 
The UART can be programmed to accept word lengths of 5, 6, 7, or 
8 bits. Even or odd parity can be set. Parity generation checking can 
be inhibited. The number of stop bits can be programmed for one, 
two, or one and one half when transmitting a 5-bit code. 


Pin Configuration 


+5 VOLTS (Vee) | a (TRC) TRANSMITTER REGISTER CLOCK 


UNCONNECTED PIN (N.C.) | | (EPE) EVEN PARITY ENABLE 
GROUND (Vgg) a (WLS,) WORD LENGTH SELECT 


RECEIVER REGISTER DISCONNECT (RRD} | (WLS.) WORD LENGTH SELECT 
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FIGURE 13-15 UAAT data sheet. 
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Block Diagram 
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FIGURE 13-15 


eight-bit coded word). Various strobe inputs and 
flag outputs give the terminal control over timing 
along with the clock input. f, is the serial data out- 
put rate, and the clock driving the timing generator 
typically operates at 16 & #, Hz. The “to re- 
ceiver’ leads let the receiver section know what 
format to expect of data received from another 





RR, RR3 RR, RR, ORR 
10 1 12 18 


(Continued.) 


compatible UART. The holding and shift registers 
in the transmitter and receiver provide double buff- 
ering of this and the AMI UART of Figure 13-15. 
A buffer is a temporary data storage device 
(register). 

A 16-times-the-bit-rate clock allows the re- 
ceiver section of the UART to sample the trans- 
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mission line very rapidly, waiting for the STOP-to- 
START bit transition to occur. When this transition 
is detected, eight clock pulses are counted before 
the START bit is sampled, at the center of the 
START bit. If the sampled signal is low, a valid 
START bit is assumed to exist (and not noise), 
whereupon a divide-by- 16 circuit is enabled so that 
subsequent bits are sampled approximately in the 
center of the bit to reduce the effects of transmis- 
sion line distortions of the data. 


The 20-mA Loop—tTeleprinters 


Historically and presently, teletypewriters (TTY) 
‘make’ or “‘break’’ a 20-mA current loop con- 
necting other teleprinters. The keyboard and printer 
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the appropriate solenoids to set latches, allowing 
the transmitted character to be printed. 

Today's ASR 33 and 35 teleprinters allow au- 
tomatic send and receive to and from a paper tape 
punch and reader. Transmission speeds are in the 
range of 45-220 baud with the ASR 33 operating 
at 110 baud. The 110 baud rate can be converted 
to words per minute (wom) by assuming an aver- 
age of 5 letters (characters) and a space per 
English word. If the 11-bit, full ASCII format is 
used, the conversion is 


bits Sec. character 


minute 11 bits 
English word 
——————- = 100 worrds/minute 
6 characters 


Baudot distributors 


= Latch 
| Solenoids 
(Set latches 


according to 
20 mA on/off 
code) 


Receiver section 


FIGURE 13-16 Simplified version of the electro-mechanical teleprinter. 


are both electromechanical marvels of cams, 
latches, shafts, electromagnetic solenoids, and a 
common motor. A simplistic sketch is shown in 
Figure 13—16 to give an idea of how current pulses 
might be encoded according to the opening and 
closing of contacts by cams set by mechanical 
latches when a key on the keyboard is pressed. At 
the receiver, regenerated current pulses actuate 


Modern 20-mA loop interface circuitry in- 
cludes active and passive transmitters and receiv- 
ers, and optical couplers for isolation. The active 
circuit is one which supplies a high-impedance, 20- 
mA current, whereas the passive circuit only sinks 
current. An example of an active transmitter circuit 
is shown in Figure 13-17, along with an optical 
coupler-isolator. 
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FIGURE 13-17 An active 20-mA transmitter and optical isolator for teletype. 


The voltages given in Figure 13-17, +1.3 
and — 11.3 volts, exist when the digital input Is 
low and Q, is conducting. The voltage drop across 
the 1-k emitter resistor of Q, causes 3./ mA 
through Q,. This is calculated as follows: 


lo, = (BV — 1.3)/1k = 3.7 mA 


The transistors have fairly high 8 so that the 
current through the 1-k base resistor of Q, is about 
3.7 mA, causing the base voltage of Q, to be 3.7 
volts above — 15V, or — 11.3 volts. The collector 
currents / of Q, and Q; will be the same and are 
calculated from Q; as follows: if Va. = QO.7 volts, 
then 


~ ) = V1 + _ _3V 
0.15 k 0.15 k 





leo, = 20 mA 
When the digital input goes high, / ~ O as follows: 
the base voltage of Q, goes high, thereby cutting 
off O,. With no current through Q,, /o, = O, the 
emitter of Q, and base of Q; will be at +5V, cut- 
ting off Q;. Also, the base of Q, will be at — 15 V 
so that Q, is cut off. R must be kept below 3.5 kQ 
to prevent Q, from saturating and spoiling the 
switching speed of the circuit. 

When great distances are required, teletype 


and telegraph services like TWX and TELEX are in- 
terfaced with the telephone system through mo- 
dems using FSK carriers. Just dial the TWX or 
TELEX number of the company to which you want 
to send electronic mail and let the ASR unit run the 
punched tape to transmit the data in block mode. 
In fact, you can even start the punched tape with 
the TWX (TELEX) number and get auto-dial. Since 
modems are also used for transmitting computer 
data, computer interfacing is now discussed. 


EIA and CCITT Voltage Interfacing 
of Computer Devices 


As mentioned in the introduction of intercomputer 
communications, the serialized data of computer 
terminals, along with data link control signals, are 
brought out to an interface connector on the rear 
of the terminal cabinet. As computers, terminals, 
printers, and other types of data terminal equip- 
ment came on the market, all with incompatible 
interface connections, the EIA (Electronics Indus- 
tries Association) in the U.S. and CCITT in Europe 
drew up interface standards. The early standard 
developed by the EIA, called RS-232 which is now 
in the “C’’ revision (RS-232-C), generally outlines 
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the electrical characteristics, connector, and pin- 
out, as well as control lead functions. 
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TABLE 13-6 AS-232-C signal function 
connector pin designations. 


Most terminal devices come equipped with 
RS-232-C-compatible connectors (DB25P/DP25S) 
having pin numbering and voltage levels reasonably 
close to those specified (see Table 13-6). In ad- 
dition to levels and pin designations, the standards 
establish a simple protocol called handshaking. 

The RS-232-C (CCITT V.28) voltage levels 
are +3 to +15 Vdc for a O logic level and —3 
to — 15 Vdc for a logic 1 with 25 volts maximum, 
open-circuited. Note the negative logic used at the 
communications interface. Other electrical charac- 
teristics are given in Figure 13-18. The RS-232-C 
Standard is intended for use in interfaces of up to 
50 feet and baud rates less than 20k bps. 

The control circuits specified in RS-232-C are 
basically compatible with CCITT’s V.24 standard 
and are shown along with the newer EIA RS-449 
standard in Table 13—7. Figure 13-19 is a pictorial 
of the leads for a typical terminal-to-modem 
interface. 

In order to accommodate higher interfacing 
speeds and reduce ground noise effects, the EIA 
developed the RS-422 electrical specification. RS- 
422 provides for a two-wire balanced line with dif- 
ferential output at the transmitter and differential 
input at the receiver. This is shown in Figure 13— 
20. 


Driver circuit 


Other specifications: 
C, < 2500 pF 
3kK<R, <7kQ 
R, > 300 22 with power off 
t, <30 V/us 


FIGURE 13-18 Electrical 
characteristics of RS-232-C 
and CCITT V.28 interfacing. 





Modern 


Meaning mnemonic 


Protective ground 
Transmitted data 
Received data 
Request to send 
Clear to send 

Data set ready 

Signal ground 

Data carrier detect 
(unassigned) 
(unassigned) 
(unassigned) 

Sec data carrier detect 
Sec clear to send 
Sec transmitted data 
Sec transmitter clock 
Sec received data 
Receiver clock 
Divided clock receiver 
Sec request to send 
Data terminal ready 
Signal quality detect 
Ring indicator 

Data rate selector 
External transmitter clock 
Busy 


The 
Interface 


Terminator circuit 


|V, (open circuit)| < 25 V 

I short circuit <0.5 A, No damage 

—3 V to —15 V nominal for "Mark" 
+3 V to +15 V nominal for "Space" 
Hold the MARK condition when no 

data is being transmitted. 


SERIAL TRANSMISSION INTERFACING 3717 


TABLE 13-7 Interface lead designations for EIA-449, RS-232-C, and CCITT’s V.24. 


ee 


EIA RS-449 


Signal ground 
Send common 
Receive common 
Terminal in service 
Incoming call 
Terminal ready 
Data mode 

Send data 

Receive data 
Terminal timing 


Send timing 


Receive timing 


Request to send 
Clear to send 
Receiver ready 


Signal quality 


New signal 
Select frequency 
Signaling-rate selector 


Signaling-rate indicator 
Secondary send data 
Secondary receive data 


Secondary request to 
send 

Secondary clear to send 
Secondary receiver 
ready 


Local loopback 
Remote loopback 
Test mode 
Select standby 
Standby indicator 


AB 


FIA RS-232-C 


Signal ground 


Ring indicator 
Data-terminal ready 
Data-set ready 
Transmitted data 
Received data 

Transmitter signal-element 
timing (DTE source) 
Transmitter signal-element 
timing (DCE source) 
Receiver signal-element 
timing 

Request to send 

Clear to send 
Received-line-signal 


Signal-quality detector 


Data-signal-rate selector 
(DTE source) 
Data-signal-rate selector 
(DCE source) 

Secondary transmitted 
data 

Secondary received data 


Secondary request to send 
Secondary clear to send 


Secondary received-line- 
signal detector 


CCITT ’s V.24 


Signal ground 
DTE common 
DCE common 


Calling indicator 
Data-terminal ready 
Data-set ready 
Transmitted data 
Received data 

Transmitter signal-element 
timing (DTE source) 
Transmitter signal-element 
timing (DCE source) 
Receiver signal-element 
timing (DCE source) 


Request to send 

Ready for sending 
Data-channel received-line- 
signal detector 
Data-signal-quality detec- 
tor 


Select transmit frequency 
Data-signaling-rate selector 
(DTE source) 
Data-signaling-rate selector 
(DCE source) 

Transmitted backward- 
channel data 

Received backward-chan- 
nel data 

Transmit backward-chan- 
nel line signal 
Backward-channel ready 
Backward-channel 
received-line-signal detec- 
tor 


Local loopback 
Remote loopback 
Test indicator 
Select standby 
Standby indicator 
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Carrier detect—CF (109) for carrier systems 





FIGURE 13-19 Control 
lines (‘circuits’) for RS-232- 
C and the similar CCITT 
V.24 standards. Circuit 
designations are XX for the 
EIA RS-232 standard and 
(XXX) for the CCITT 
international standard. 






Terminal 





computer 


(DTE) 












@——__————-e 
Balanced 


data line 
oa) 


Transmitter Receiver 


FIGURE 13-20 AS-422 balanced interfacing. 
Outputs and inputs are differential circuits and the 
transmission line is balanced (typically a twisted-wire 
pair). 


As Is typical of differential systems, twisted- 
wire pairs help reduce common-mode noise inter- 
ference and system ground currents, particularly 
the ever present 6O-Hz noise. A possible circuit 
could be constructed using a twisted wire pair 
(about six turns/inch) between an AM 78/8830 
dual differential line driver and the AM 78/8820 
DDL receiver. Differential interfaces are capable of 
accommodating up to 100k bps over short lines, 
or 20k bps over 200-foot lines. 
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CARRIER SYSTEMS AND MODEMS 





In order to transmit data over long distances it 
seems natural to consider the already existing tele- 
phone network. Unfortunately, transmitting de lev- 
els beyond the local exchange office is not possi- 


Data set ready—CC (107) 
Clear to send—CB (106) 


re Request to send—CA (105) J 


Received data—BB (104) 
Protective ground—AA (1017) 


(Originaté/answer mode—CY) 
(Often set locally with toggle switches) 














Data 
communication 
equipment 
(DCE, 
perhaps 
a modem) 







Transmission 
line 












ble, and some form of modulation is required to 
use these common-carrier analog facilities. 

The equipment used to modulate and de- 
modulate digital data for transmission over analog 
facilities is called a modem, from MOdulator/DE- 
Modulator. Most modems are RS-232-C-compat- 
ible for interfacing with the terminal/computer 
equipment and can be coupled directly or by 
acoustical coupling to the telephone line. 


Modems 


The type of modulation used in modems depends 
ori the information bit rate because standard voice 
grade telephone lines are bandwidth-limited, ex- 
tending from about 300 Hz to about 3300 Hz. Mo- 
dems operating up to 1200 bps use binary FSK 
(frequency shift key), but for higher rates, up to 
9600 bps, multilevel PSK (phase shift key) and 
QAM (quadrature amplitude modulation) are used. 
Clearly, a 3300-Hz channel cannot respond to bi- 
nary line changes of 9600 bits per second, so a 
9600-bps modem must use at least an eight-level 
modulation scheme. | 


Frequency Shift Key (FSK) Modems 


Low- to medium-speed modems (up to 1200 bits/ 
sec) use FSK. FSK is binary (digital-data) modula- 
tion of an analog carrier. Thus, a voltage-controlled 
oscillator (VCO) can be used with the two vol- 
tage levels of the data, shifting the carrier to two 
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1 0 1 O O--- fe ee tees Fe. 
' I ' ! | 


INPUT DATA 


discrete frequencies. This is illustrated in Figure 
13-21. 

In the AT&TIS type-202* modem, a 1/700- 
Hz (+1 percent) VCO is deviated 500 Hz (+ 1 
percent) by data in a bipolar format. (Recall that an 
RS-232-C interface is bipolar.) A transmitted fre- 
quency of 1200 Hz is called a mark and corre- 
sponds to a digital 1; 2200 Hz is called a space 
and corresponds to a digital O. MARK and SPACE 
are old telegraph terms. Data can be sent by the 
202-type modem on a standard two-wire voice- 
grade telephone line at up to 1200 bits/sec. Signal 
strength into the 600-Q telephone line should be 
between —6 and —9 dBm, but definitely within O 
and — 12 dBm. 

The demodulation of FSK signals can be ac- 
complished with a standard FM discriminator or a 
phase-locked loop. When a terminal device is to 
transmit data, a request-to-send (RTS) is relayed to 
the modem which, when the telephone connection 
is completed, transmits the carrier clamped to the 
MARK frequency. The receiving modem, using a 
phase-locked discriminator, will lock to (acquire) 
the transmitted carrier, and a quadrature detector 
will activate the carrier detect (CD) flag. When the 
transmitting computer gets clear-to-send (CTS) 
from its modem, data is transmitted. For direct- 
connect modems there is up to 200 ms of delay 
between the reception of RTS and the sending of 
CTS back to the computer. The data is transmitted 
asynchronous mode and usually ASCII with even 
parity. 

The MARK and SPACE frequencies within the 
3-kHz telephone bandwidth for the 202 modem 
are shown in Figure 13-22. Also in the figure is a 





*Most modem manufactuers reference the “Bell” 
standard models, now owned by AT&T Information Sys- 
tems. The 202 modem is similar to CCITT’s V.23 
recommendation. 


319 


FIGURE 13-21 FSK 
generation by voltage- 
FSK controlled oscillator. 
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FIGURE 13-22 202-type modem frequencies. 


narrow channel at 387 Hz which is used for auto- 
matic requests for retransmission of erroneous 
data. 


Automatic Retransmission Request 
(ARQ) 


The receiving station checks parity of each trans- 
mitted character, and in the case of batch data 
transmissions, a block check character is com- 
puted and compared to the one transmitted at the 
end of each block of data. 

If the receiving station detects an error, It 
must transmit this information to the sending sta- 
tion. Rather than using all the time required for the 
receiving station to seize control of the channel and 
request a retransmission of the erroneous block or 
character, the 202-type modem provides a very 
low-speed reverse or secondary channel. This 
channel, used for supervision, is frequency-division 
multiplexed below the main channel on a 38/-Hz 
carrier which can be on/off keyed (amplitude shift 
key, ASK) at up to 5 bits/second (baud). The 
CCITT’s V.23 provides for a 75-Baud reverse 
channel. 

In stop-ana-wait ARQ, the block of data is 
transmitted and simultaneously stored in a buffer 
at the transmitter. The transmitter then waits until 
the receiving station responds positively with the 
code character ACK before transmitting a new 
block. However, if an error is detected, a negative 
acknowledgment, NAK, is received by the trans- 
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mitter via the reverse channel, and the transmitter 
must retransmit the last block which it stored in the 
buffer. | 

There are continuous ARO techniques which 
avoid the stop-and-wait routine, but these require 
a full-duplex channel. The 202-type modem should 
not be operated full-duplex on a two-wire line be- 
cause distortion and insufficient isolation between 
the forward and reverse channels can result in 
transmission errors in both directions. 


A Full-Duplex, Two-Wire Line, FSK 
Modem 


Figure 13-23 shows the frequencies used in the 
103A-type asynchronous modem. A single two- 


1070 1270| 2025 2225 


+s | 
Originator | Answerer 


FIGURE 13-23  Full-duplex modem frequencies for 
type- 103A modems. 


wire transmission line can be used in a simultane- 
ous two-way communication system with this 
modem. The trick, of course, is to reduce the fre- 
quency deviation so that two full channels will fit 
within the 300-3300 Hz telephone bandwidth. 

To get an idea of the relationship between 
MARK-SPACE frequency separation and baud rate 
use equation 13-2. A ratio of 0.7 between these 
two parameters is about optimum. As an example, 
let 


A= — fallts (13-2) 


where f, = SPACE frequency, f, = MARK fre- 
quency, and f, = baud rate. The relationship of 
equation 13-2 Is also written in the literature as h 
= 2Af,T, where Af, is the MARK (or SPACE) fre- 
quency deviation from center frequency and 27, is 
the period of the fundamental frequency of a 
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| squarewave modulating signal at baud rate #,. The 


relationship yielding A is that of an FM modulation 
index. 

The 103-type modem uses a MARK-SPACE 
frequency separation of 200 Hz, so a baud rate of 
about 286 bits/sec is appropriate with h = 0.7. In 
fact, the signaling rate for the 103-type modem is 
specified up to 300 baud. The MARK-SPACE fre- 


quencies used are as follows: the modem originat- 


ing the transmission uses 1270 Hz/1070 Hz, and 
the answering modem uses 2225 Hz/2025 Hz. 

A typical modem and simplified interfacing is 
shown in Figure 13-24 using the Motorola MC 
6850 ACIA (UART) and MC 6860 modem chip, 
which is like the 103-type. Not included on the 
6860 modem chip, but very important to the com- 
munications system design, are the transmit and 
receive filters. 

The receive filter should provide greater than 
35 dB of attenuation to the adjacent channel. In 
addition, phase linearity or group delay in the pass- 
band is a very important design consideration. 
Group delay for the filter in the 300-Hz bandwidth 
between MARK and SPACE frequencies should not 
exceed 0.8 milliseconds. Group delay is defined by 


eo 


ty = 13-3 
a ( ) 


where A@ = change in phase and Af = change 
in frequency. Notice that it is not necessary that 
there be no phase shift, only that the phase slope 
in the passband be fairly constant. Motorola Appli- 
cation Note AN-747 gives a detailed design pro- 
cedure for a 0.5-dB ripple, Chebyshev, active filter 
using two-pole sections as shown in Figure 13-25. 

The resultant six-pole filter is included in the 
schematic of the switchable filter/duplexer of Fig- 
ure 13-26, along with the frequency responses for 
both the answer (receive) and originate (transmit) 
modes. 


Continuous-Phase FSK and MSK 


FSK modems should use some form of continuous 
phase FSK (CP-FSK) to minimize phase discontin- 
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FIGURE 13-24 Simplified modem system interfacing. 





FIGURE 13-25 2-pole bandpass active filter. 


uities and the resultant frequency transients.* This 
allows for the simplification of demodulator cir- 
cuitry and improved BER due to the minimization 
of line transients. 

Continuous-phase FSK is achieved by select- 
ing the difference between the two signaling fre- 
quencies (MARK and SPACE) to be a multiple of 





*Recall that w = dd/dt = (27)f; that is, frequency 
is determined by the rate-of-change of phase. Conse- 
quently, sudden changes in phase result in large frequency 
deviations and signal transients in narrow-band circuits. 





one-half of a bit cycle (180° phase difference). As 
seen in Figure 13-27, at each data bit transition 
the carrier phase is continuous due to the exact 
relationship between MARK/SPACE frequencies 
and the bit period. 

In the case of Figure 13-27, there is exactly 
one-half of a bit cycle between the MARK and 
SPACE frequencies. Consequently, there is a max- 
imum phase difference (180°) between a transmit- 
ted 1 and O, while at the same time, there Is a 
minimum possible frequency difference (one-half of 
a bit cycle) between the MARK and SPACE fre- 
quencies. This particular choice of CP-FSK signal- 
ing is called minimum shift key (MSK). 

The relationship of frequencies in MSK is f, 
— f, = 0.5f,. Hence from equation 13-2, (f, — 
f_)/f, = h, we see that MSK has a modulation 
index of h = 0.5. With its continuous phase fea- 
ture, MSK produces a frequency spectrum which 
falls off faster than binary PSK and has a first-lobe 
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FIGURE 13-26 Application Note AN-747. Low-speed modem system design 
using the MC6860. (Courtesy of Motorola Semiconductor Products, Inc., Box 
20912, Phoenix, AZ 85036) 
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FIGURE 13-27  FSK signals. (A) Noncontinuous 
phase. (B) Continuous phase FSK (CP-FSK), also 
called MSK. 


null at O.75f,, aS opposed to BPSK’s null at 7, 
However, MSK’s spectrum is not as good in terms 
of bandwidth utilization as OPSK. PSK techniques 
for synchronous data modems are discussed in 
chapter 17. 


13-/ 


SYNCHRONOUS 
COMMUNICATION TECHNIQUES 


Modems used for transmission of digital data on 
standard telephone lines at data rates exceeding 
1200 b/s use phase shift key and high-level mod- 
ulation techniques. These systems also use syn- 
chronous data transmission formats and protocols 
in order to increase the coding efficiency and over- 
all system throughput. For instance, eliminating the 
start and stop bits of an 11-bit asynchronous ASCII 
code format improves the coding efficiency by 41 
= 27.3 percent. This, of course, means that a 
given set of ASCll-coded message characters can 
be completed 27.3 percent sooner than by asyn- 
chronous transmission. 

Since the start and stop bits are not used in 
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synchronous data transmission, It Is necessary to 
distinguish one character (plus a parity bit) from an- 
other by synchronizing the receiver to the trans- 
mitter data clock before the message is transmit- 
ted. Synchronous protocols differ in how this Is 
accomplished but the general procedure is for the 
transmitter to initially send an eight-bit sync char- 
acter (or frame start flag) which the receiver rec- 
ognizes. Circuitry in the receiver uses the bit pat- 
tern to synchronize the clock, a -procedure called 
bit timing recovery. Bit timing recovery is covered 
along with PSK and high-level digital modulation 
techniques in chapter 17 for digital radio. However, 
keep in mind that modems for high-speed synchro- 
nous data transmission use these techniques for 
transmitting over telephone networks. 


Data Networks and Synchronous 
Transmission Protocols 


A data network consists of nodes or communica- 
tions stations and the arrangement of transmission 
lines and facilities interconnecting them. The two 
basic network configurations, shown in Figures 
13-28 and 13-29, are the centralized and the dis- 








Point-to-point lines 


processing 
station 





Multipoint 
FIGURE 13-28 Centralized network. 


tributed networks, respectively. The centralized 
network has a single processing station that con- 
trols all traffic between point-to-point connections 
and multipoint connections. The distributed net- 
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FIGURE 13-29 Distributed network. 


work is an interconnection of more than one cen- 
tralized network. 


Point-to-Point 


Point-to-point connections are those between a 
fixed pair of terminals such as T1 and T2 in Figure 
13-28. Point-to-point lines may be leased (dedi- 
cated) connections so that they are permanently 
connected whether or not the line is in use. Point- 
to-point connections may also be made in a 
switched telephone network, in which case a dial- 
up connection is made through the central pro- 
cessing facility, but only for the duration of a single 
call. The switched network connection allows sub- 
sequent transmissions to or from any other station 
in the network by standard dialing procedures, 
manual or automatic.* 


Multipoint Lines 


A multipoint line is shared, one at a time, between 
more than two stations (see Figure 13-28) under 





* Automatic calling units like the AT&T type 801 offers 
dial pulses (801A) or touch tones (801C). 
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control of the central processing station. The cen- 
tral processing unit (CPU) polls and selects the 
other (tributary) stations. Polling is an “invitation to 
send” transmitted in a predetermined sequence to 
each tributary station (terminal). Selection is a ‘‘re- 
quest to receive’ notification from the central pro- 
cessor to one of the tributary stations. 

Multiplexors and concentrators may also be 
part of a multipoint (also called multidrop) network. 
In this case, a few stations can be multiplexed onto 
one transmission line under control of the CPU, or 
many stations can be concentrated onto a few 
lines (all under central control). 


Switched Networks—Synchronous 
Transmissions 


Large networks like the public telephone network 
are typically distributed networks in which voice 
and/or digital data can be routed through electronic 
or electromechanical switches under the control of 
line signals and computers located in central or re- 
mote (toll) offices. Since the start and stop bits de- 
fine each character in asynchronous data transmis- 
sions, timing information is taken care of at the 
receiver. However, synchronous transmission of 
digital information—which more and more in- 
cludes digitized (PCM) voice—can be switched 
through the network by three different methods: 
circuit switching, message switching, and packet 
switching. 

Circuit switching is used in ordinary analog 
telephone connections. The circuit path is estab- 
lished for the duration of the call, whether or not 
anyone Is communicating. 

In message switching, illustrated in Figure 
13-30, the message is sent to a switching center 
where it is stored until it can be forwarded to a 
closer center. This store-and-forward technique is 
typical of telegram and electronic mail transmis- 
sions and is more efficient than circuit switching 
because a line is busy only when actual data is 
being transferred. Hence, message switching is 
more efficient and more cost effective than circuit 
switching. 
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FIGURE 13-30 Message (M) switched network. 


Packet switching is another technique finding 
applications in large systems with limited transmis- 
sion facilities such as satellite and land microwave 
radio links. The message is divided into variable- 
length units called packets which are switched 
through the network with other packets in a statis- 
tically concentrated* fashion in order to maximize 
system utilization time. A typical packet length Is 
1000 bits. 

Each packet is given a destination address 
and other protocol information, and switched 
through the system on the first available path. As 
shown in Figure 13-31, a prior commitment of a 
data link may require that packets take different 
paths to their destination (computer C2 in this 
case). Clearly, the individual packets must be num- 
bered sequentially so that the receiving station can 
reassemble the message. The numbering and con- 


*Statistical concentrating works as follows: The pro- 
cessor continuously samples input buffers and output lines. 
Any pause in data transmission detected on a transmission 
line will cause the processor to redirect input data packets 
(in buffer storage) to that line on a priority basis. The effi- 
cient use of transmission lines in this way allows the use of 
only enough line capacity to handle the average data rate 
instead of the peak data rate. 
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FIGURE 13-31 


Packet switched network. 


trol for packet-switched networks are part of the 
system protocol. 


Synchronous Protocols 


A protocol is a set of rules to effect the orderly 
transfer of data from one location to another using 
common facilities. Synchronous system protocols 
include provisions for synchronizing the receiver 
clock, determining which station controls the link 
(the primary station) and which station is second- 
ary, delineating the control and message groups, 
detecting errors and providing for retransmission of 
erroneous messages, establishing message trans- 
parency, and data flow maintenance. Protocols are 
classified according to their framing technique. 


1. Character-oriented protocols (like IBM's BSC, 
or ‘‘Bisync’’) use special binary characters to 
separate different segments of the transmit- 
ted information frame. 


2. Byte-count protocols (like DEC’s Digital 
Data Communication Message Protocol— 
DDCMP) use a header followed by a count 
indicating the number of characters to follow 
and the number already received error-free. 
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DDCMP can be used on parallel or serial, syn- 
chronous or asynchronous, and point-to-point 
or multipoint systems. 


3. Bit-oriented protocols (BOPs) include HDLC, 
SDLC, and CCITT’s X.25; these will be de- 
fined later. The BOP frame is made up of 
well-defined fields between an eight-bit start 
and stop flags. The bits of each field, except 
the information field, are encoded with ad- 
dress, control, counting, and error checking 
functions. 


These synchronous protocols are used on 
half- or full-duplex data links allowing for two-way 
communication and automatic retransmission re- 
quests (ARQ) of erroneous frames. 

The two most common protocols, Bisync and 
SDLC (considered a subset of HDLC), will be 
discussed. 


Binary Synchronous Communications 
(Bisync) 


Bisync is a synchronous protocol using serial, bi- 
nary-coded characters comprising text information 
(message) and/or heading information (message 
identification and destination). It describes the 
transmission codes, data-link control and opera- 
tions, error checking, and message format. The 
control characters designate and control various 
portions of the information to be transmitted. Bi- 
sync can accommodate three transmission code 
sets, EBCDIC, US-ASCII, and six-bit Transcode. It 
can operate in point-to-point or multipoint net- 
works. Stations on the data link idle in a “sync 
search’ mode waiting to identify a transmitted 
sync character (SYN = 0110100 in ASCII). Most 
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communications systems wait for at least two suc- 
cessive SYN characters before raising a “character 
available” flag. Once the receiver's clock is syn- 
chronized, the remainder of the protocol is fol- 
lowed for receiving the transmitted message and - 
maintaining the circuit. Figure 13-32 shows the Bi- 
sync format. 

In point-to-point operations, a station bids for 
use of the line using the control character ENO (en- 
quiry): this character is 1010000 in ASCII and says 
“| have a message for you.’ If both stations bid 
simultaneously, “with contention,’’ the station 
which persists gains control of the line unless a 
priority system is established. 

In a multipoint connection, each station is as- 
signed a unique address. Once the station re- 
sponds to a poll or selection in the affirmative 
(ACK), message transmission can start. A multi- 
point link of more than ten stations requires special 
considerations. 

A header for station control and priority usu- 
ally precedes the message (text) and is started with 
a SOH (start of heading) character. The header is 
not required. The message consists of one or more 
blocks and is preceded by the STX (start of text) 
character. All but the last message block is ended 
with ETB or EOB (end of block); the last block 
ends with ETX (end of text). 

For error control, each transmitted character 
is checked (vertical redundancy check) and, as 
each block of the message is completed, the block 
check character is transmitted. CRC-16 is used for 
eight-bit codes like EBCDIC (and ASCII with trans- 
parency), whereas CRC-12 is used for six-bit 
codes. Transmission is terminated with the EOT 
(end of transmission) character. 

Other very important protocol characters in 


<«—___— Direction of data flow 


json H Header a Message 





te number L 


FIGURE 13-32 Bisync |+=0 
protocol format. 


characters 
including zero) 


an number 
of characters) 
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Bisync are ACK (positive acknowledgment),* NAK 
(negative acknowledgment), WACK (wait, or delay, 
before ACK is acceptable), and DLE (data link es- 
cape). Figure 13-33 shows a couple of examples 
to illustrate the bisync protocol interaction. Data 
link escape is used to provide supplementary con- 
trol characters. For instance, DLESTX is used to 
put the message block into transparency mode. 
The transparency mode allows for the transmission 


*ACKO and ACK1 are positive “go ahead” responses 
used alternately during the text block, thus providing a run- 
ning check to ensure that each reply corresponds to the 
immediately preceding message block. In ASCII, ACKO is 
transmitted as the two-character pair DLEO and ACK‘11 is 
actually DLE1. 





Tx = transmitting 
station: 


A. 


Rx = receiving 
station: 


Rx: 


Message control (ID + routing 
for multipoint; also priority) 


Cc (2) 
S|A Characters included 
Y|C in BCC accumulation 
Rx: NIK 
0 
(2) 
ee ee” 


Initialization phase 
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of any binary data, including bit sequences which 
the receiver would recognize as a control charac- 
ter. This sometimes presents problems because 
the message might include the bit sequence 
DLESTX which, when detected by the receiver, 
terminates the transparency mode and the mes- 
sage. The solution is for the transmitter to add a 
DLE character before such recognizable characters 
and transmit DLEDLESTX. The receiver is required 
to remove the first DLE character it detects and 
treat the next character as pure data. 

There are other synchronous data link control 
protocols which avoid this and other difficulties and 
provide for more flexibility and speed. These are 
bit-oriented protocols. 





ZK 


(2) FIGURE 13-33  Bisync 
protocol controlled data link; 
a few examples. 
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Bit-Oriented Protocols: SDLC, HDLC 
and X.25 


One undesirable feature of the character-oriented 
protocols such as bisync is the need for the DLE 
character for message transparency. Bit-oriented 
protocols (BOPs) such as SDLC, HDLC,* and 
CCITT’s X.25, do not use characters of well-de- 
fined bits within the address, control, and frame 
check fields. These fields, as seen in the SDLC for- 
mat of Figure 13-34, are delineated by the start 
and stop flags. 
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Supervisory, information transfer, and un- 
numbered. 


e A provision is made for transmitting a se- 
quence of information frames—each of 
which are numbered—and making sure that 
they are received without error in the proper 
order. 


e Errors are detected by a 16-bit CRC (CCITT 
V41 with generating polynomial X"® + xX” 
+ xX° + 1). The error check character com- 
puted from the address, control, and infor- 


}_________ 1 Frame —____________+ 


Start 
FLAG 


01111110] _ field 


FIGURE 13-34 Bit (8 bits) 


oriented protocol (BOP) 
format; SDLC example. 


(8 bits) 


Notice that the start (and stop) flag, 
01111110, has six consecutive 1s. SDLC protocol 
requires that, between flags, the transmitter insert 
an extra zero following any five consecutive 1s it 
must transmit. The receiver is required to remove 
the zero from the data stream anytime it detects 
five consecutive 1s followed by a O. In this manner 
the bit sequence of a flag is obvious, and any bit 
sequence Is allowed, with zero-insertion if neces- 
sary, during the message. The data terminal and 
communications equipment synchronize on the 
flag bit pattern. 

Other characteristics of the BOP formatting 
are as follows: 


e The control field defines the function of the 
frame by one of three eight-bit tormats— 


*SDLC (synchronous data link control) is considered a 
subset of the American National Standards Institute’s 
(ANSI) ADCCP (advanced data communications control pro- 
cedure) which is essentially a functional equivalent of the 
International Standards Organization’s HDLC (high-level 
data link control). The CCITT’s X.25 standard also specifies 
the International Standards Organization's HDLC for the 
DTE-to-DCE access procedure. 


DRES 
ais : jell MESSAGE or 


(8 bits) 





Stop 
FLAG 
01111110 
(8 bits) 


Frame check 
sequence 


information field (16 bits) 


(low-order bit) 


mation fields make up the frame check se- 
quence. If a frame is in error, the receiver 
does not advance its received frame count 
N,. It is the responsibility of the transmitter to 
determine that the receiver has not accepted 
the frame by keeping track of the receivers’ 
frame count. 


The address field serves the same purpose as 
the address (or return address) on a letter mailed 
through the Post Office, except that the address is 
always that of the secondary station or stations. 
The address field is eight bits, with the low-order 
bit following the starting flag. 

The function of a transmitted frame is either 
supervisory or data transfer (or some other net- 
work function). Supervisory frames are used to 
confirm received information frames, convey ready 
or busy conditions, and to report frame sequence 
errors. The control field format is shown in Figure 
13-35. P/F is for polling P by the primary station 
or is transmitted by the secondary station to indi- 
cate the final frame F it is sending. N, = number, 
in binary, of the next frame expected by the re- 
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+ contro field a 
ee 
Pema eae oar 


~— EE Eee 


O O Receive ready (RR) 

1 O- Receive not ready (RNR) 

O 1. Reject (REJ). (Transmit or 
retransmit, starting with frame Nr.) 


FIGURE 13-35 8-bit control field format for 
supervisory frame in SDLC protocol. 


ceiver and should check with the transmitters’ next 


sent frame N,. When a supervisory frame is trans- - 


mitted, the information field is deleted. 
When information frames are transmitted, 
the control field is as shown in Figure 13-36. 
One of the differences between SDLC and 
HDLC Is in the information field length. With HDLC, 
the message can have any number of bits, whereas 


00 


Unnumbered poll (UP) 






Disconnect (DISC) 


Commands 


Test (TEST) 
Configure (CFGR) 


Unnumbered ACK (UA) 


Disconnect mode (DM) 
Frame reject (FRMR) 
Exchange station ID (XID) 
Test (TEST) 

Request disconnect (RD) 
Configure (CFGR) 


Responses 


for SDLC the information field must be a multiple 
of eight bits. In each eight-bit grouping, the low- 
order bit is sent first. Most packet-switched net- 
works specify use of the X.25 standard. As previ- 
ously mentioned, the HDLC BOP frame is specified 
in X.25. The packet is placed in the information 


Unnumbered information (U!) 
Set normal response mode (SNRM) 


Set initialization mode (SIM) 
Exchange station identification (SID) 


Unnumbered information (UI) 
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- oe 
- P/F ae Se 
fo) Cm [ae] ce _— 


FIGURE 13-36 Control field format for 
information transfer frame. 


field, and the remainder of the frame is, literally, 
the data link access and control protocol between 
the user and the packet-switched network. 

Unnumbered frames have a control field for- 
mat as illustrated in Figure 13-37. The two-bit and 
three-bit codes shown below the control field are 
used for such functions as initializing secondary 
stations (RIM and SIM), controlling the response 
mode of secondaries (SNRM, DISC, TEST, and 
XID), and procedural—including errors (UI, UA, 
DM, FRMR, RD, and CFGR). 

When SIM is transmitted, both NV, and N, are 
initialized to O; otherwise the N, and WN, frame 





Request initialization mode (RIM) 


FIGURE 13-37 Control- 
field format for an 
unnumbered frame. 


counts of the sender and receiver advance sequen- 
tially to keep track of frames. 

For a description of these and other details, 
consult IBM’s Synchronous Data Link Control— 
General Information (GA 27-3093-2, File No. 
GENL-O9). 
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Problems 


. a. How many bits are used for STOP in 
ASCII? 


b. Are they at MARK- or SPACE-level ? 


c. How many characters can be defined by 
a seven-bit code? 


. A full ASCII (11 bits/character) message is 
shown in Figure 13-38. This is the NRZ 
format. 






-4 23 milliseconds 
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quired for a CRC-16 generator polynomial of 
P(x) = x® + x? + x? +1. 

Input 1011010 to the parity generator of Fig- 
ure 13-2 with P,, = 1 (for even parity). Show 
the 1 or O at each device output. Confirm that 
Fit = O. 

Input 10110100 to Figure 13-2 and confirm 
a valid character check (P,,, = 1, true). Re- 
peat for 10110101, showing all outputs, and 
confirm an invalid character (P,,, = O, false). 


Decode the following block of ASCII charac- 


FIGURE 13-38 


Determine the message. 

Is this odd or even parity? 

What is the baud rate (bps)? 

Which character is not printed (nondis- 
playable)? What happens when this char- 
acter is decoded? 


oo of 


. The following CCITT-2 data are received on 

a 20-mA loop: 11011,00001. 

a. What should a printer display ? 

b. What type of communication system 
would you expect to make the above 
transmission ? 


. a. Write the ARQ code equivalent to the 
transmission of problem 3. 

b. What advantage does the ARO code have 
over CCITT-2? 


. What unique feature of the Gray code makes 
it the choice for encoding slow telemetry ? 


. Sketch a cyclic redundancy check generator, 
including the number of register sections re- 


10. 


ine 


12. 


ters, and then determine even parity for both 
the vertical (VRC) and the longitudinal (LRC) 


checks. 

a. 0100000 f. 1010101 

b. 0001110 g. 0101010 

c. 0100101 h. 1001010 

d. 1011011 i. 1000010 

e. 1000101 j. 1100000 

a. Determine the probability of error for a 


channel having Gaussian noise and S/N 
= 17 GB. 


b. What signal voltage level is required if the 
rms noise level is 500 mV? 


A channel with a Gaussian noise distribution 
has 50 mV rms of noise. What signal level 
must be detected in order for the channel to 
achieve a BER of 107°? 

How many errors would be expected for a 1- 
megabyte-long message in a Gaussian noise 
channel with S/N = 12.5 dB? (1 byte = 8 
bits) 


PROBLEMS 
13. Describe the following types of data 
transmission: 
a. simplex. e. serial. 
b. half-duplex. f. asynchronous. 
c. full-duplex. g. synchronous. 
d. parallel. 
14. a. What is the main function of a UART ? 
b. The internal clock of a UART for trans- 


15; 
16. 


/ (mA) 


mitting 9600 bps operates at what 
frequency ? 

c. Why is such a high frequency used 
internally ? 

What is a buffer ? 

An active 20-mA-loop receiver input is shown 

in Figure 13-39. 

a. What voltage should be measured at the 
base of O,? 

b. What value of voltage (referenced to 
ground) is the emitter of QO, capable of 
reaching when / = 20 mA (assume Q, 
removed) ? : 

c. Sketch V, corresponding to the current 

— waveform. (Vee (sat) = 0.2 V) 

d. If, on the average, there are six charac- 
ters/word, determine the words/minute, 
assuming full ASCII is being received. 


17. 


18. 


20. 


21. 


22. 
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Determine the cut-off frequency for an RS- 
232-C terminator circuit if A, and C, have 
maximum allowable values. 


Sketch the letter ““T’’ in ASCII (seven bits) as 
it would appear on the BB wire of an RS-232- 
C interface carrying 100 bos. Assume == 15 
volts. 


. What is the major advantage of the physical 


characteristics of the EIA’s RS-422 interface? 


If only six interface circuits (wires) are used in 
the RS-232-C interface of Figure 13-19, 
what would they be? 


a. How much time is required to transmit the 
character NAK in full ASCII on the reverse 
channel of a system using the AT&T 202 
modem ? 

b. What is the maximum bit rate for this. 
modem (primary channel) ? 

c. Determine the modulation index at full 
baud rate for the 202. 


a. List the originate and answer MARK/ 
SPACE frequencies for the 103 modem. 


b. What would the baud rate have to be to 
transmit minimum shift key (MSK)? 


FIGURE 13-39 
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23. What ASCII character (in binary) is transmit- 
ted to synchronize the receiver data clocks 
when using the BSC (bisync) protocol? 

24. Sketch any one of the bisync protocol se- 
quences (frame). 

25. The seven-bit-plus-parity ASCII message of 
Figure 13-40 is received on a data link using 
bisync. 


 laedimieee 
t 


§ 


FIGURE 13-40 


Is there an error in the received signal? 
Where ? 

What parity (odd or even) is used? 

What is the correct message ? 

Using the format of Figure 13-40, sketch 
an appropriate response to the received 
signal. 


26. Figure 13-41 shows an example of which 
type of connection: point-to-point, multipoint, 
multidrop, or circuit switching ? 
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27. 


28. 


29. 





FIGURE 13-41 


a. Name a bit-oriented protocol. 


b. Compare the major advantage of this pro- 
tocol to a character-oriented protocol. 


c. Which protocol requires zero-insertion for 
certain data conditions? 


a. Sketch a frame for a common bit-oriented 
protocol. 


b. Where does the packet go in this frame 
when used for an X.25 packet-switched, 
data-link control (access) protocol? 


Automatic request for retransmission is ac- 
complished in the Synchronous Data Link 
Control protocol by transmission of what? 
frame counts, repeat, NAK, or bisync. 
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Introduction 


Radio signals propagating (traveling) through space 
are, like sunlight, periodic electromagnetic waves 
and propagate at the speed of light, c = 3 X 10° 
meters/second (186,000 miles/second). If the pe- 
riod 7 of the wave is known, then the distance be- 
tween equivalent points on the wave can be de- 
termined by the familiar d = vt. Thus the length 
of one cycle of the wave, called a wavelength, is 
determined from 


A= vT (14-1A) 


of A=c/f (14-1B) 


where f = 1/T is the frequency of the periodic 
wave traveling through space at the velocity of 
light. 

Transmission lines and waveguides provide a 
structure for guiding electromagnetic waves from 
one place to another. The distinction between ‘‘cir- 
cuit connection wires,” a transmission line, or a 
waveguide is very broad but relates to the struc- 
tural dimensions as compared to the wavelength 
of the signal being propagated. 

As an example, the familiar coaxial cable l- 
lustrated in Figure 14—1 may be used to connect 
an audio signal to an oscilloscope. However, at 


14-1 
TRANSMISSION LINES 


Figure 14-2 illustrates a few of the more common 
transmission line structures. Transmission lines are 
characterized by two (or more) conductors which 
provide a complete current loop. For the coaxial 
line, the high-potential, sending-end current is con- 
ducted by the center wire, and the return current 
path is provided by the flat conducting braid. 
Transmission line propagation of a signal is by 
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Traveling wave 


FIGURE 14-1 
traveling wave. 


Coaxial transmission line and 


higher frequencies where the signal wavelength is 
small compared to the cable length, transmission 
line behavior affects the ‘‘connection’’ and the sig- 
nal transfer. At even higher frequencies, where the 
cross-sectional dimensions of the cable are greater 
than one-half of the signal wavelength, the signal 
will propagate primarily by waveguide behavior. 
The difference between transmission line and 
waveguide signal propagation behavior will be ex- 
plained later in the chapter. 


means of the variation of the electric and magnetic 
fields produced by the movement of electric 
changes. The electromagnetic (EM) wave thus pro- 
duced propagates primarily in the dielectric (non- 
conductor) material that keeps the two electrical 
conductors separated. Dielectric materials include 
polyethylene, Teflon, air, and pressurized gases 
(with insulating washers or a helical spacer for 
support). 

For the open-wire and twin-lead transmission 
lines of Figure 14—2B and C, the EM wave propa- 
gates in the space between and around the two 
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4 La 1 qf 


dy 








coe B. 
A. 
{3 Ses 
eee | 


sheath ("ribbon") 


C. D. 


LP 


FIGURE 14-2 Transmission lines. 


conducting wires. The dielectric sheath “‘ribbon’’ 
and spacers maintain a constant separation be- 
tween the wires to maintain a balanced EM field 
for best propagation characteristics. Although sim- 
pler and less expensive than the coaxial structure, 
the ribbon results in less structural integrity and 
more radio frequency interference because the EM 
fields are not confined and shielded. The balanced, 
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shielded line of Figure 14-2D with the shield 
grounded is a vast improvement. 

Because of the mirror-like symmetry of the 
electric and magnetic fields illustrated in Figure 
14—3 for the two-wire line, the fields and propa- 
gation characteristics will be unaffected if a large 
ground plane is slid horizontally between and equi- 
distant from the two wires. If the lower wire is then 
removed and the ground plane is allowed to carry 
the return current, a transmission line very much 
like the microstrip line of Figure 14—2E results. The 
strip line structure of 14—2F is used in place of 
microstrip for better confinement of EM fields and 
improved propagation characteristics. Notice from 
the illustration that the upper and lower ground 
planes are connected for good balance between 
the upper and lower fields. 


TEM Wave Propagation 


The electric and magnetic fields sketched in Figure 
14—3 are at all points perpendicular to each other 
and the signal is propagating into the page. Seen 
broadside to the two-wire, loss-less transmission 
line, both the electric and magnetic fields are al- 
ways into or out of the page—that is, transverse 
to the direction of propagation. The energy in these 
transverse electromagnetic (TEM) waves propa- 
gates along the transmission line at a’velocity 


v, = cl Ve, (14-2) 


where e¢, is the dielectric constant of the transmis- 
sion line relative to air (or space). 


X XX XXX XX xX XX 


Direction of 
propagation ——»» 
Transverse fields 


X XX XXX XX xX XX 


[-— FIGURE 14-3 _ Electric 
@ e 


(solid) and magnetic 
(dashed) fields in a twin-lead 
transmission line. 
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In free space, RF signals also propagate as 
TEM waves and the ratio of electric field strength 
to magnetic field strength of any single wave is a 
constant with a value approximately equal to 3/77 
volts/meter per amperes/meter. This value has 
units of Ohms, is called wave impedance, and is 
calculated from 


Zy = Vae/e, = 3770 


where the permeability of space is wy = 47 X 
107’ Henrys/meter and the permittivity (dielectric 
constant) is €, = 8.84 picoFarads/meter. Similarly, 
a uniform, loss-less transmission line has a definite 
ratio of electric-to-magnetic field strength and also 
voltage-to-current ratio. This ratio is found from 
the electrical circuit parameters of the transmission 
line and is called the characteristic, or surge, 
impedance Z, of the line. The electromagnetic 
properties of the simplest and most common 
transmission line structures have been analyzed as- 
suming no internal power losses, and the results 
are tabulated in Table 14—1. 


(14-3) 


Transients and Reflections 


Figure 14-4 illustrates the distributed electrical pa- 
rameters of a model transmission line. The incre- 
mental sections show the series inductance/meter 


TABLE 14-1 
dimensions.) 


Twin-lead 


120 
— In 2s/d 


Coaxial 


Microstrip (after 
H. A. Wheeler) 
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L, resistance/meter R, the shunt capacitance/ 
meter C, and conductance (leakage resistance)/ 
meter G. The middle section shows the leakage 
components distributed along a balanced two-wire 
line. The transmission line thus reveals its electrical 
network characteristic, which may be analyzed to 
yield an expression describing the behavior of volt- 
age and current waves traveling along the line. 
Such waves are called traveling waves. 

From Figure 14-4 a voltage wave traveling 
down the line (from left to right on the x-axis) 
will experience incremental voltage drops of 
(dv/dx) (Ax) which by Ohm’s law is equal to* 


di d 
(RIJAx + ( ae = — (a, (14-4) 
at dx 
Also, the decrease in current due to ac shunting Is 
d di \ 
(Gv)Ax + Gar = — (+a. (14-5) 
at dx 


Solving these equations under the generally justi- 
fied assumption of very low power losses (RF = G 
= 0) yields 

d’v d’v 


—}$ = (CC — 
or 


- (14-6A) 


*The ac voltage drop across an inductance L is given 
by equation 1—1, and for a capacitance C by equation 1-3. 


Transmission line (circuit) characteristics. (Refer to Figure 14—2 for 


Tre 
In 2s/d 


Z, = 377 Ve WL + 1.74(€)~°%"( W/h)-°*]} 


The, for typical materials used in transmission lines are (at 10 GHz): polystyrene 2.5, polyethylene 2.3, 


and teflon 2.1. 
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/ LAx RAx f= Di 





FIGURE 14-4 Distributed circuit model of a 
transmission line. 


and a = 16- > (14-6B) 
dx 
These equations describe traveling waves. Similar 
equations written in terms of the appropriate phys- 
ical parameters are found throughout the physical 
sciences to mathematically describe waves of all 
sorts found in nature. 
The solutions to the wave equations (14—6) 


EXAMPLE 14-1 
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give the voltage across the line and current along 
the line as a function of time and distance traveled. 
As an example, 


v= HViCx tH) 


where the + or — gives the direction of travel 
(+ right, — left). And the velocity at which the 
voltage wave propagates (travels) is 


Vv. = 1/V LC 


It also can be shown that the ratio of voltage-to- 
current for a single wave on the loss-less transmis- 
sion line network is given approximately by 


L 
Z,= = 
\/t 


and more generally by 


Zz A -P 81 
Zs — - => a (14-10) 
WE VY Gr se 


(14-7) 


(14-8) 


(14-9) 


' where s is a frequency operator. For the particular 


case of sinusoidal waves, s = /w. 


A very low-loss coaxial transmission line has 3OpF/foot of distributed capac- 
itance and 75nH/foot of inductance. Determine the following: 


The capacitance of a 3-foot length of this line used as an oscilloscope 


probe. 
vie 


The velocity of propagation for a voltage and current transient (velocity 
relative to a TEM wave in free space). 


The time required for an input transient to reach the oscilloscope (see 
part 1). 


The ratio of shield diameter to center conductor diameter of the coax. 


Solution: 





1. 30pF/foot X 3 feet = 90 pF. This can greatly decrease the high fre- 


quency response of a circuit under test. 


75 X 10°°/(30 & 107'7) = 502. 


222 VLic= 
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3. ; = 1/VLC= 1/V75 X 30 X 10° *'= 666.7 X 10° feet/sec. 


(666.7 & 10° ft/s)(1 mile/5280 ft) = 126,263 miles/sec, so that 


V, an = 126,263 mps/186,000 mps = 0.679—a little more than two- 
firs the speed of light. 


4. d=v,t. t = 3 ft/666.7 X 10° ft/sec = 4.5 nanoseconds. 


60. 
Ve, 
c/v, = 1/0.679, and from part 2 above, Z, = 50M. Therefore, 50 X 
1 473/60 = 1.228 = 
a es 2a. 


5. Table 14—1 gives Z, 


In D/d. From equation 14-2, Ve = 


In D/d. By the definition of logarithms, D/d = 





To better understand the circuit behavior of 
transmission lines (TL) with propagating waves and 
reflections from discontinuities, consider the volt- 
age and current surges along an infinite length TL 
after closing the switch of Figure 14—5. The char- 
acteristic ac impedance of the TL is 50Q, therefore 


50 Q 
iia 
5 Yt = Z, = 60 22 —» oOo 
A. pat 
| 
| 
V 
V 
p 
B. x 
x= x, 
| 
on | 
an, 
ie 
C. Bs 
V 
or 
/ 
D. ; 
r= X,/V, 


FIGURE 14-5 = /nfinite-length transmission line 
voltage and current transients. 


voltage division with the 50-Q resistor in series 
with the 5-V battery will result in a continuous 2.5- 
V pulse and 2.5V/50Q = 50 mA current pulse 
propagating along the line as shown in B and C. An 
observer making voltage and current measure- 
ments at point x, somewhere down the line will 
measure zero until time t = x,/v, (see Figure 
14-5D), and then measure 2.5 V and 50 mA dc 
continuously thereafter. 

The same result can be achieved for a line of 
finite length @ if a load Z, of value equal to Z, is 
connected to the TL. This is illustrated in Figure 
14-6, where part A shows that the TL to the right 
of the separation is infinite in length and has a char- 
acteristic impedance of Z,. Hence, as seen in part 
B, the circuit is identical to Figure 14-6A and V,, 





FIGURE 14-6 Equivalent transmission line 
terminations. 
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= 25 V, 1, = 50 mA. This condition does not 
change because there are no reflections when the 
TL is terminated with Z, = Z, (impedance- 
matched). The power P = 25 V X bOmA = 
125 mW, which would have continued down the 
TL, is now being consumed in the 50-Q load Z,. 

Suppose now that no load is attached to the 
end of the finite line. In this case the problem will 
Start out the same as before, but when the voltage 
and current waves reach the open-circuited end, 
there will be reflection resulting in voltage and cur- 
rent waves traveling to the left toward the gener- 
ator. Then we have to analyze whether or not a 
reflection will occur at the generator end. If a re- 
flection does occur, we will have to follow it back 
to the “load” and repeat the process until steady 
state occurs. We would expect that, for an open- 
circuited loss-less TL, a steady state will be 
reached with V along the line equal to 5-V and 
/= 0. 

To analyze reflections, a reflection coefficient 


I = p/o (14-11) 


is calculated at each end of the line. This is ana- 
lyzed as follows: At any point on the line, the re- 
sultant voltage and current must be determined by 
the sum of the incident and reflected waves from 


V=evr+v (14-12) 


and /=/* + 7/7 (14-13) 


where V™ is the incident voltage wave and V7 is 
the reflected voltage wave. The reflected wave 
V~ is found from V~ = T' V™. That is, 


T=v/v (14-14) 


The percentage of incident voltage reflected from 
the load is called the reflection coefficient. 

Because of current reversal, the voltage re- 
flection coefficient has the opposite sign to that 
of the current reflection coefficient I. Con- 
sequently, 


(14-15) 


Now Ff = Vz end = LP = =f fo 
the open circuit. Also, V = V7 + V7 = Vt + 


co — 50 
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ry, f° = V'/Z, andi = —vV /Z,, where 
the minus sign indicates current direction opposite 
to /*. The load impedance is 


Pe | ee 
; IH she FO 
vt+tyo 
Z = —————__——_ (14-16) 


ViZ— VIZ, 


Solving this for V-/V* at the load produces T in 
terms of impedances as 


7 Z,— Z, 
—=[ =~ (14-17A) 
V Z, + Z, 
a ee er) 
‘Zelent a 4 
C= ¥ 
o T= — (14-17C) 
Y,+ Y, 


Because Z, is typically complex, equation 14—17 
reinforces the fact that = p/@ is a complex 
quantity with magnitude p and phase angle 6. 
Turning now to the open-circuited TL of Fig- 
ure 14-7, we see that Z, = ©, so that’ = 


| i 
50 2 ite 
oe 
| Fa 
F=5V = V,., Z, = 50 QQ 


FIGURE 14-7 Open-circuited transmission line. 


= 1 and], = —I’ = —1. The prob- 
co + 50 


lem is now solved as follows: Initially, V, = 
E [Z,/(Z, + R)] = 5-V(50/100) = 2.5V, and |, 
= 2.5 V/50 Q = 50 mA. These voltage and cur- 
rent waves propagate down the transmission line, 
charging the line capacitance and inductances as 
they go. At the open-circuited end of the line, the 
incident voltage will be V* = 2.5 V and the inci- 
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FIGURE 14-8 Transient 
on open-circuited 
transmission line. (A) Line 
voltage just before transient 
reaches end (x = €). (B) 
and (C) show line voltage 
and current after reflection 
from open-circuit. (D) and 
(E) show line voltage versus ©. 
time at output and input, 
respectively. 


dent current is /* = 50 mA. From above, T = 
1, s0 that V0 = +25 Vand/> = TJ" = 
—T’ = —1 X 50 mA = —50 mA; that is, the 
reflected voltage has the same amplitude and 
phase as the incident voltage, whereas the re- 
flected current has the opposite phase but same 
amplitude as that of the incident wave. 

The voltage at the end of the line will sud- 
denly go from zero to V = V7 + V7 = 2.5 + 
2.5 = 5 V, and the current will become / = /* 
+ /~ = 50 mA + (—50 mA) = 0, as one 
would expect at an open circuit. The reflected cur- 
rent extinguishes the initial 5|O mA on the line as It 
travels toward the generator as shown in Figure 
14-8. When the reflected wave reaches the gen- 
erator (sending end of the TL), it is a wave traveling 
ona Z, = 50 Q TL that is “terminated” by a 
“load” R, = 50 Q. The reflection coefficient for 
this matched condition is T = (50 — 50)/(50 + 
50) = O and no reflections occur. The transmis- 
sion line hereafter is found to have 5 V at all points 
along the line and / = O. This is just what you 
would anticipate very shortly after connecting an 
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Output 
V (Volts) 








2T af 


D. T 


Input 
V (Volts) 


FHary, 





| 
aac Return 
—50 ; current 


transient 


open-ended coaxial cable to a 5-V battery. A very 
long length of (delay) line and an oscilloscope are 
needed to observe the transients. Indeed, this ar- 
rangement forms the basis for time-domain reflec- 
tometry (TDR), used for measurements to analyze 
the conditions of transmission lines. 


14-2 


SINUSOIDAL SIGNALS AS 
TRAVELING WAVES 


A sinusoidal signal traveling in the positive x direc- 
tion on a loss-less transmission line can be ex- 
pressed as 


v = Acos (wt — Bx) (14-18) 


where £6 is the transmission line phase constant 
(radians/unit length). A stop-action plot of equation 
14—18 Is shown in Figure 14—9. An observer trav- 
eling on a fixed phase point on the wave moving 
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cos (wt — Bx) 
—> V 


Dp 


Bx (radians) 


wen Oe 


FIGURE 14-9 = Sinusoidal traveling wave traveling 
in positive x direction. 


wt =0 wt = 1/2 


at a constant velocity v, has a phase velocity found 
by differentiating wt — Bx = constant. The result 
IS 


dx/dt = v, = w/8 


p 


(14-19) 
Also, from equation 14—1B, v, = Af, so that 


GB = 27/d (14-20) 


If a constant loss in amplitude of a (Nepers/unit 
length) occurs all along the length of the line, then 


v (with losses) = (Ae~™) cos (wt — Bx) (14-21) 


Equation 14-21 is the real part of the expo- 
nential expression v = (Ae ™*)e Met 6 
Ae “e ”*e!*' for which the phasor portion is 


Y= Ae ere (14-22) 


A general solution of the wave equation (14-6) for 
a voltage wave traveling in either direction is 


V=A,e" + Ae ™ (14-23) 


where is the propagation constant determined 
from transmission line parameters as y = V ZY, 
Just as the characteristic impedance is determined 


2, Transmission line 


A cos wt 
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from Z, = VZ/Y (equation 14-10). For sinusoi- 
dal signals the calculations are made from 


ee a ei 0 (14-24 
G+ jwC ae gee =ae 


a + j@ (14-25) 
V(R + jwLlL)\G + jwC) 


To calculate the total signal attenuation over 
a distance traveled of x, solve V = Ae ™ by tak- 
ing the natural logarithm of both sides to give 
—ax = In (WA), Nepers. To put the attenuation 
in decibels, note that 20 log,. e = 8.686, so that 
the voltage (or current) attenuation for a total dis- 
tance traveled x is 


N 
l 


je) 

— 

for 
ll 


Attenuation(dB) = 8.686ax (14-26) 


Sinusoidal Signal Reflections and 
Standing Waves 


A transmission line with discontinuities and mis- 
matched impedance conditions (Z, # Z,) will have 
reflections which produce steady-state standing 
waves. This is the same wave phenomenon as for 
vibrating strings and pressure waves In musical in- 
struments and other sinusoidally forced, mechani- 
cal systems (including quartz crystals). 

Equations 14-11 through 14-17 are still 
valid for sinusoidal signals and reflections. Figure 
14-10 illustrates a sinusoidal generator (Z, = Z,) 
driving a long loss-less transmission line (@ >> 2 of 
the signal), which is terminated by a complex load 
impedance Z,. By equation 14-17, if Z = Z 
then no reflections occur and no standing waves 
appear (Figure 14—11A). However, larger values of 
load impedance will produce reflections from the 


FIGURE 14-10 
Generator and load 
transmission-line 
terminations. 



















Z, = Zz, 
purely resistive 


ee 


open-circuit 


C. 3A/4 A/2 V/4 


Z,=0 
short-circuit 


0 Xx 
_ ) Ae | 
x=0 X=2 
Load end 


FIGURE 14-11 Voltage measurements on line of 
length € for various loads. Standing waves create 
these voltage (and current) patterns. | 


load, causing the voltage measured along the line 
to vary as shown in Figures 14—11B and C; these 
patterns are called standing waves. |n part C for 
no load (Z, = OO), the voltage measured at the 
load is exactly twice the voltage along a loss-less 
“flat” or matched line (Figure 14—11A). This volt- 
age value A is also the open-circulted generator 
voltage. For Z < Z,,V(@)will be less than A/2 ‘and 
Figure 14—11D illustrates the lower limit. 

The voltage at any point d from the load Is, 
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in general, 


ef? + Te” 
10 = Yo oe Te 


1+ Ta | 2" 
ae +. —| ev 


(14-27A) 


(14-27B) 


and for a loss-less line, 


Z, cos Bd + jZ, sin Bd 


V a i SS 
Pa Ns E cos Bf + jZ, sin Be 


(14-28) 
where Euler’s equalities are used to equate sinus- 
oids and complex exponentials. Notice the discon- 
tinuity in the standing wave pattern of Figure 14— 
11C at the generator output terminals (left side). 
The impedance seen by the generator is clearly not 
Z, as it was for the matched load of part A; it Is 
less than Z, and will be complex. On the other 
hand, if 2 were equal to A/2 + A/4 = 3h/4 (or 
any integer multiple thereof), then the generator 
will be driving an apparent short circuit, as seen by 
the voltage null in part C. The impedance at any 
point d from the load can be calculated from the 
general.expression 


Lid) = 


7 Vt(d) + V-(d) 
I*(d) + I7(d) 
=. - | 
= Le 


ee (14-29) 


or for the loss-less line (a = O), 


_ ef4 + Te #4 
A\d) = 26 | pa Penis 


Z, cos Bd + jZ, sin Bd 
= ,(Zces Ba + 80 Be ewe (14-308) 
Z, cos Bd + jZ, sin Bd 


(14-30A) 


Z/Z, + jtan Bd 


1 + siZ7/Z,) tan o eae 


where the identity e*”? = cos Bd = j sin Bd is 
used. These equations are rarely used because 


SINUSOIDAL SIGNALS AS TRAVELING WAVES 


they are computationally tedious, but more impor- 
tantly, as seen in the section on the Smith chart, 
graphical techniques along with a few laboratory 
measurements are faster and more convenient. 


Slotted-Line and VSWR 


A slotted-line is a device with a probe extending 
into a transmission line through a slot. The probe 
can be slid along the slot, and by means of a con- 
nection to a voltmeter, the voltage may be read at 
any point. Plots such as those illustrated in Figure 
14—11 can be produced from slotted-line mea- 
surements. This device also provides a very con- 
venient means for computing the magnitude of the 
reflection coefficient and for determining the load 
Impedance. 

The ratio of maximum voltage to minimum 
voltage of the standing wave is defined as the vo/lt- 
age standing-wave ratio, 


VEVWVIR = Viel View (14-31) 


Vinx OCCUrs where the incident and reflected pha- 


sors are exactly in-phase and add to a maximum. 


Vinin OCCUrS Where the phasors are exactly out of 
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phase and subtract. The ratio is 


VSWR = V7(1 + p)/V*U — p) 


VSWR = (1 + p)/(1 — p) (14-32) 


where p is the magnitude of the reflection 
coefficient. 

Equation 14-32 can be solved for calculating 
the magnitude of the reflection coefficient as 


_ VSWR — 1 


= 14-33 
r VSWR + 1 | 


To determine the load impedance Z,, the dis- 
tance d.,, from the load to the first voltage mini- 
mum is used as d in equation 14-30. Also, the 
voltage minimum occurs at an impedance mini- 
mum, consequently the minimum impedance on 
the line can be calculated from 


Lraip = Z ,/(VSWR) (14-34) 


Zin CAN range in value from Z, for a matched load 
impedance (I° = O, VSWR = 1.0), to zero for a 
short or open load (I. = 1, VSWR = ©). Also 
the maximum impedance on the line can be deter- 
mined by 


Zax = LZ \VSWR) (14-35) 





A loss-less 50-Q transmission line with €. = 2 is measured with a slotted-line 
at 1 GHz to have V,,,, = 10 mV and V,,, = 2 mV. The first voltage minimum 


is 2 inches from the load. Determine: 


1. The operating wavelength A. 

2. VSWR. 

3. The magnitude of the reflection coefficient. 

4. The distance in wavelengths between the load and first voltage 
| minimum. 

5. The value of minimum impedance. 

6. 


minimum. 


The distance in millimeters between the voltage maximum and 
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Solution: 
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X= (o/ Ve)/f = 3 xX 1C meter/sec)/(\/2 x 107) = 212 mim. 
VSWR = 10 mV/2 mV = 5. 
p = (6 — 1)/(5 + 1) = 0.67. 


d.,. = (2 inches)(25.4 mm/inch) = 50.8 mm. diin/A = 50.8 mm/212 
mm = 0.24. Therefore d.,, = O.24X. 


Z.,, = 002/56 = 10 Q. 
Voltage maxima and minima are separated by a quarter wavelength 
\/4. Thus, d = 212 mm/4 = 53 mm. 


14-3 
THE SMITH CHART 


Calculating impedances for different lengths of 
transmission lines with complex loads can become 
very tedious. Fortunately a very convenient graph- 
ical aid was devised by P. H. Smith in 1938. The 
improved version, still in use today, was published 
in the January 1944 issue of Electronics Magazine. 

The Smith chart* of Figure 14-12 is used to 
graphically solve equation 14-30 for the effective 
impedance at any point on a transmission line 
when the load impedance or slotted-line measure- 
ments are known. Indeed the usefulness of this de- 
vice is legendary among microwave technol- 
ogists. 

All the impedances on the Smith chart are 
normalized to Z, of the particular transmission line 





* A very convenient tool is the nine-inch circular slide- 
rule version, called the transmission line calculator (available 
from Analog Instruments, P.O. Box 808, New Providence, 
New Jersey, 07974). 





in use. That is, if Z, = 25 — (47.5 2 ona 500 
line, then the normalized impedance from 


z= 2/Z, (14-36) 


z=Z/Z,= 14+TV/0 -T) (14-37) 
= 0.5 — j0.95 


This impedence point is plotted on Figure 14-12. 
The VSWR created by this load is found for the 
loss-less transmission line by swinging an arc from 
z, to the right half of the center line of the chart 
(VSWR can vary from 1.0 to 00). The center of the 
arc is the center of the chart where z = 1.0, Z 
= Z, and VSWR = 1.0. This arc is part of a 
constant VSWR circle which passes through all 
possible impedance points along the transmission 
line being considered. As seen on Figure 14-12, 
the VSWR for this mismatched transmission line is 
4. The maximum impedance measured along this 
transmission line will be Z. = 4 * Z = 
200 Q, and the minimum will be Z,;, = Z,/4 = 
0.25 X 502 = 12.5 2. Please note that the con- 
stant VSWR circle passes through the purely resis- 
tive impedance z = 0.25 + /jO, where Z = 
125: 
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FIGURE 14-12 The Smith chart. 
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EXAMPLE 14-3 


1. Determine the load impedance and component values for Example 
14-2. 
2. Determine the load admittance. 


Solution: 


1. From part 4 of Example 14-2, di, = 0.24A from the load. The voltage 
minimum occurs for the purely resistive impedance Z,,,, = Z,/VSWR = 
Y% = 02. (Z,, = 50 Q/6 = 10 Q, which when normalized is 
10 2/50 Q = 0.2). 

Start at z,,, = 0.2 and move toward the load a distance of Ghin 
= 0.24) (see the dotted arc on Figure 14—12). 

The line drawn through the center of the chart and 0.24 wave- 
lengths on the ‘wavelengths toward the load” scale passes through the 
constant VSWR circle (dotted arc) at the load. 

Read the normalized impedance—approximately z, = 4.5 — /1.4, 
so Z, = 50(4.5 — /1.4) = 225 — j70Q. 

This is a 225-Q resistor in-series with a 70-Q reactance. At 1 GHz, 
C = VorfX, = 2.3 pF. 

The load admittance is found as follows: 

Plot the normalized load impedance z, = 4.5 — /1.4. 

Draw a line through z, and center of the chart. Extend this line until 
it passes through the constant VSWR = 5.0 circle on the opposite side 
(180° or A/2 wavelengths) of the chart. 

The admittance is the inverse of the impedance. Therefore y, Is 
exactly 180° on the opposite side of the chart from z,. The load admit- 
tance is approximately y, = O.2 + /j0.07 or Y, = Y,/z, = 
(1/50 Q)(0.2 + /j0.07) 0.004 + /0.0014 S. : 

Check: Y, = 1/Z, 1/(225 — j70) = 0.0042/17.3° S. 





14-4 


IMPEDANCE-MATCHING 
TECHNIQUES 


lf an antenna or other microwave load produces a 
mismatch condition on a loss-less transmission 
line, then the transmitter or other microwave 


source also will probably not be impedance- 
matched. The result will be inefficient transmission 
of power and possibly over-heating and damage to 
the transmitter that must dissipate the reflected 
power. 

Reflections and power losses are usually 
specified in decibels as return loss (RL) and mis- 
match loss (ML). Return loss gives the amount of 
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power reflected from a load and is computed from 


RL(dB) = —10 log p? = —20logp (14-38) 


The portion of power not reaching the load be- 
cause of mismatching and reflections is 1 — p’, 
and the mismatch loss (or reflection loss) is com- 
puted from 


ML(dB) = —10 log (1 — p*) (14-39) 


The two simplest techniques for impedance- 
matching close to the load so that most of the 
length of transmission line is “flat’’ (I. = 1.0) is to 
use a stub tuner or a quarter-wave transformer. 

The stub tuner technique Is based on the fact 
that a short-circuited (or an open) length of loss- 
less transmission line will present a pure reactance 
at the input end of the line. Short-circuited stubs 
are usually preferred to open-circuits because of 
fringing effects. If Z, = O in equation 14-30C, 
then a length of line & has input impedance 


Z, = jZ,tan BE- (14-40) 


This relationship is seen graphically as the perime- 
ter of the Smith chart where z = O = jx. 

Stub tuners are most conveniently placed in 
parallel for matching (see Figure 14-13), so we 
will henceforth work with admittances. A short-cir- 
cuit has an admittance of y = 1/z = 1/0 > oo, 


Therefore to produce a purely inductive admittance - 


(susceptance) of y = 1//x = —jb using the Smith 
chart: | 


EXAMPLE 14-4 


1. Determine the position d and length @ of a short-circuited tuning stub 
for a match on the transmission line of examples 14-2 and 14-3. 
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1 +0 


Distance 
to stub, d 








Transmission 
line 





FIGURE 14-13  7L with short-circuited stub tuner. 


1. Start at ©O (right-hand extreme of chart) 
where B€ = 0.25X. 


2. Proceed clockwise (toward the generator) on 
the perimeter to the value D. 


3. Draw a line from the chart center through b 
to the “wavelengths toward the generator” 
scale, which gives din wavelengths from the 
short-circuit. 


4. The length of short-circuited line needed is 
= d — 0.25 wavelengths. 


The value of b needed to produce a match is 
found by moving on a constant VSWR circle from 
the mismatched load admittance toward the gen- 
erator until the 1 + /b circle is intersected. An ex- 
ample will illustrate the technique (also see Figure 
14-13). 


2. What value of lumped-circuit L or C could be used? Figure 14-13 illus- 


trates the circuit components. 


Solution: 





1. From the results of example 14-3, part 2, y, = O.2 + /0.07 (at 


0.01A). 
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Proceed on the constant VSWR circle toward generator to 1 
+ /1.8 (at 0.183A). We need a shunt of —/1.8 to produce y = 1.0 for 
amatch (z = 1/y = 1,Z = Zz = 50 ). 

Mark —/1.8 on the Smith chart. We need a circuit component with 
this admittance placed 0.183A — 0.01A = 0.173A from the load. 


d= 0.173 X 212 mm 


= 36.7 mm. 


—/1.8 is at 0.33A, which is 2 = 0.33A — 0.25’ = 0.08A for 
the short-circuit (vy = OO) stub. 0.08 &X 212 mm = 17 mm stub. 
2. The matching component is y = —/1.8. This is an inductance of x = 
/y = 1/—/1.8 = j0.56 and xX, = 0.56 KX 5002 = 280. L = 28/ 
27 10° = 4.5 nH. 





Impedance matching with a quarter-wave- 
length transformer is accomplished on the Smith 
chart by moving from the load on a constant 
VSWR circle until the (horizontal) real impedance 
line is intersected. The impedance looking toward 
the load from this connection is purely resistive, 
z=randR = Zor. 

A quarter-wave transformer transforms any 
real impedance to any other real impedance by se- 
lecting an appropriate characteristic impedance 
Z’, for the transformer. To match F to Z, of the 
source impedance, Z’, must be 


Z, = VZ,R 


This can be proved by solving equation 14—28 with 
d = X/4 and Z, = A, but let us do it with the 
Smith chart as follows (refer to Figure 14—14): 


(14-41) 


(14-42) 


zi, = R/Z% (normalizing R) 





FIGURE 14-14 Location of quarter-wave 
transformer for matching purely resistive load. 


Moving 0.25 on the Smith chart inverts the load, 
therefore 


z= 1/z, = Z25/R (14-43) 
Denormalizing, we have 
Zi = 252 = (Z/R (14-44) 


If this impedance is to match Z, of the source, then 
Z, = Z/2/R and the X/4 transformer must have a 
Characteristic impedance given by equation 
14-41. 


14-5 
S-PARAMETERS 


Most students are already familiar with H-, Y-, and 
Z-parameters for characterizing two- (or more) 
port networks and devices. However, the most 
widely used method for characterizing microwave 
networks and devices is by S-parameters. One rea- 
son for using S-parameters is that their definition 
is based on driving and terminating the network 
ports with 50 Q-impedance devices rather than 
open- or short-circuits (and high VSWRs). Another 
reason is that microwave circuit analysis and de- 
sign is based on the reflection (or scattering) of 


S-PARAMETERS 


electrical waves. Thus “scattering parameters’ are 
appropriate to work with and, with modern net- 
work analyzers, they are easy to measure (see Fig- 
ure 14-15). 





FIGURE 14-15 HP 8410S network analyzer 
system and Smith chart display of a circuit 
impedance from 120 MHz to 450 MHz. (From HP 
Application Note AN117-1, Microwave Network 
Analyzer Applications, June 1970.) 


In Figure 14-16, a, and a, represent incident 
voltage waves, likewise b, and b, represent re- 
flected voltage waves on a two-port network. The 
four waves are related by equation 14-45 and 
written in vector or matrix form in equation 14— 
A6. 


2-port 


network 
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b, = S444 + Dio (14-45A) 

bs = 55144 + S598 (14-45B) 
Mt | aor i 4 (14-46) 
b, a> 


If the generator and load impedances Z, and Z, are 
matched to Z, of the measuring system and con- 
necting transmission lines, then S,, and S,, are the 
inout and output port reflection coefficients I’, and 
I’... respectively. Also, |S.,]* and |S,,|* are the 
forward and reverse insertion power gains, respec- 
tively, of the two-port network. In terms of power, 
a, and b, of the defining matrix are actually | a,|* 
= available power from the matched generator 
and |b,|* = power delivered to a matched load. 
If a matched load is connected to the output 
(port 2), there will be no reflection from the load 
so that a2, = O which, from equation 14-45A, 
yields | 














b, 
a,!' a= 
Similar measurements yield 
by 
ag'a= 
b; 
b, 
Sai a (14-47D) 
ala= 


Whereas scattering-parameters are, like re- 
flection coefficients, complex quantities having 
magnitude and phase, a fundamental insight may 
be gained from the following simple examples. 


FIGURE 14-16 Two-port 
network and signals. 
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EXAMPLE 14-5 


1. Find the S-parameters for the two-port network of Figure 14-17. (Z, 
= 60 2) 





FIGURE 14-17 Two-port network for analysis. 


2. Calculate the return loss at the input with Z, = Z.. 
3. Determine the insertion loss for the network when using generator and 
termination of Z,. 7 





Solution: 

1. S,,: Terminate the output in Z, and determine I’ at the input; see Figure 
14-18A. 25||50 = 1667 Q and Z, = 25 + 1667 = 
41.67 Q. 

25 25 
a A. B. é2 


FIGURE 14-18 


S, = JT, = (Z, — 50) Z, + 50) =—0.09, or S,, = 0.09 /180°. 
S..: Terminate the input in Z, and find I’ looking back into the output 
terminals; see Figure 14—-18B. Z, = (50 + 25)||25 = 18.750.T = 
(18.75 — 50)/(18.75 + 50) = —0.45 = S, = 0.45/180°. 

S,,, Drive port 1 with the 50 Q2 generator and open-circuit voltage of 
2V7. (The voltage incident on a matched load will be V7). Measure 
voltage at port 2 across Z,; see Figure 14—19A. Then 


C= VI = ele (14-48) 


V, = {(25||50)/[(25 ||50) + 75]} (2V7) = 0.364vy.S,, = V,/Vi 
= 0.364. , 


S-PARAMETERS | 4] l 





2V,+ 


0.67V,+ 





FIGURE 14-19 


S,.: See Figure 14—19B and C. First, Thevenize the circuit at A: Ay, = 
25||50 = 16.67 Q and Vv, = [25/(25 + 50)] KX 2V7 = 0.67Vz. 
From the equivalent circuit (part c), V, = [50/50 + 25 + 
16.67)](0.67 Vz) = 0.364V7. 


Si = Vi/V2 (14-49) 
= 0.364. 


2. From part 1,T = p/@ = 0.09/180°. From equation 14-38, RL(dB) = 
— 20 log (0.09) = 20 dB. The higher this value the better for efficient 
coupling into the two-port network. 

3. The forward power gain of the network will be |S,,|* = (0.364)° = 
0.132. This represents a power loss of — 10 log 0.1382 = 8.8 dB. 


EXAMPLE 14-6 





A 50-Q2 microwave, integrated-circuit (MIC) amplifier has the following S-pa- 
ances Ss. = Ss = Oo". ss. = 10/180" | and 
op = 0.002/— 75° | Determine: 
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1. The input VSWR and return loss. 
2. Forward and reverse insertion power gains in a 50-Q system. 


Solution: 


1. VSWR = (1 + p)/(1 — p) 
= 41 [Sil — [Sal) 


= (1 + 0.01)/(1 — 0.01) = 1.02. 


(14-50) 


This amplifier is very well matched to Z,. RL(dB) = —20 log 0.01 = 
4O dB. There is very little reflection at the input (and output) terminals. 
Forward power gain is |S,,|* = 100, which is 10 log 100 = 20 dB. 
The reverse power leakage will be |S,.|* = (0.002) = 4 X 107°, or 
—b4 dB. The amplifier is well-unilateralized; perhaps it is internally 
neutralized. 


14-6 
WAVEGUIDES 


Electromagnetic energy can be guided as it prop- 
agates through space (or other dielectrics) if it is 
Surrounded by a structure which forces the energy 
to bend or reflect back and forth in a zig-zag path 
down the guide. Figure 14-20 illustrates the most 


Hollow 


FIGURE 14-20 

Waveguides. Metal: (A) 
Rectangular, (B) circular, (C) 
double-ridged, (D) glass 

optical fiber. B. 





Metal 


common waveguide configurations. The solid di- 
electric rod shown is most commonly used for 
guiding light, which is electromagnetic energy with 
wavelength in the visible spectrum. This waveguide 
is described in more detail in chapter 18, which is 
entirely devoted to optical fiber technology. 

The hollow metal pipes illustrated in Figure 
14—20A, B, and C are used at frequencies below 
that of light and above about 2 GHz. When the 


a 


oad 


Dielectric 1 (fiber) 


D. "A 2 (clad) 


WAVEGUIDES 


term waveguide |s used, it will be in reference to 
the hollow metal structure, of which the most 
common configuration is the rectangular wave- 
guide of Figure 14—20A. The typical metals used 
in waveguides, copper, aluminum, and brass, must 
be good electrical conductors to act as a mirror for 
reflecting the electromagnetic wave back and forth 
down the guide to its destination. 

A good conductor has a very shallow skin- 
depth, and therefore very little current exists in the 
surface of the interior walls and very little power is 
dissipated in the waveguide. Skin depth 6 is a mea- 
sure of the depth to which an electromagnetic 
wave can penetrate a conductor. From equation 
1-14 for a sinusoidal wave, 6 = 1/\Vo7mu,f and 
d.,, = 5.8 X 10’ Siemens/meter for copper. At a 
depth of 6, the electric field has decreased expo- 
nentially in strength to 37 percent of that at the 
surface. The waveguide wall thickness must be 
greater than 50. 

In the discussions to follow, the conductivity 
of the waveguide wall will be considered high 
enough to assume zero skin depth and 100-per- 
cent reflection of electromagnetic waves. 


Boundary Conditions 


The signals which propagate in waveguides are 
idealized as uniform plane waves with wavefronts 
perpendicular to the direction of propagation. As 
indicated previously, the electromagnetic waves 
are guided by reflections of the plane waves from 
highly conductive metal surfaces. The traveling 
electric and magnetic field configurations may be 
very complicated, but they can be predicted math- 
ematically by the equations formulated in 1865 by 
the Scottish physicist James C. Maxwell.* 

The boundary conditions at the reflecting 
waveguide surfaces are as follows: (1) Any electric 
field at the (perfect) conductor surface must be 





*These are dynamic vector field equations which are 
expanded versions of Ampere’s law, Coulomb’s law, Fara- 
day's law, and a closed magnetic loop law added by 
Maxwell. 
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perpendicular (normal) to the surface; no parallel 
(tangential) component of electric field can exist, F, 
= 0. (2) Any magnetic field at the conductor sur- 
face must be parallel to the surface; no component 
of magnetic field normal to the surface can exist, 
H, = 0. 


Waveguide Modes 


The boundary conditions determine the particular 
electromagnetic field configurations, called modes, 
which can propagate in a waveguide. Unlike the 
transverse electromagnetic (TEM) mode, which 
characterizes the field configuration in space and 
transmission lines, numerous different modes can 
propagate in waveguides. However, the numerous 
modes are variations of two basic field configura- 
tions, transverse electric (TE) modes and _ trans- 
verse magnetic (TM) modes. 

To get a better idea of a waveguide mode 
configuration, imagine two identical TEM waves 


crossing each other in space (Figure 14-21). In 


Figure 14-21 solid lines mark the positive peaks 
and dashed lines the negative peaks of the sinus- 
oidal magnetic field H. Notice that the electric field, 
which is everywhere perpendicular to the magnetic 
field, cancels along the horizontal dotted lines. The 
electric field vectors reinforce and are at a maxi- 
mum halfway between the dotted lines. If the con- 
ductive walls of a rectangular waveguide are lo- 
cated along these dotted lines (into the page), then 
the TE mode can propagate. 

Figure 14—22A shows a three dimensional 
sketch of the fields of Figure 14—21; it is clear that 
the electric field is transverse to the waveguide 
axis. Also note that exactly one-half of a wave- 
length (at the signal frequency) fits between the 
left and right walls. This is specified as a TE; 
mode, and the waveguide dimension a is given by 


a= x/2 (14-51) 


The wavelength given by the dimension 2a is the 
longest wavelength that can propagate in a rectan- 
gular waveguide. TE,, called the fundamental 
mode, is the lowest-frequency mode that can 
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H, field 





oa 
Pe 
a Tangential 
» (°) E-field 
equals zero 
“XN 
~ 
Ss 
NX 
H, field 
FIGURE 14-2] | Two (©) Electric field out of page 
electromagnetic fields (x)Electric field into page 
passing in space. (has opposite phase of()) 


Figure 14—22B illustrates that if the wave- 
guide is made twice as wide, or if the frequency 
of the propagating signal is doubled, an entirely dif- 
ferent field configuration called the TE,, mode may 
propagate. The 2 in TE., indicates that the electric 











i field across the a dimension of the rectangular 
Sr er iciermas | waveguides has two half-cycle peaks, as shown by 
Longitudinal | tield-intensity arrows in Figure 14—22B. The O in- 
to direction of power flow dicates that no half-cycle magnetic field peaks 
occur across the b dimension of the guide. As seen 
in Figure 14—-22A, the magnetic field component 
is entirely longitudinal (along the direction of power 
flow). Thus the order of the mode mn for a TE,,, 
or a TM,,,, mode is equal to the number of maxima 
across the a and b dimensions, respectively, of the 
waveguide cross-section. 

‘z Figure 14-23 illustrates some of the field 
configurations (modes) which satisfy Maxwell's 
equations for a rectangular waveguide. The cut-off 

FIGURE 14-22 Electromagnetic fields in frequency for higher-order modes can be calcu- 
rectangular waveguide. (A) TE, fundamental mode lated for a rectangular waveguide from 
(a = /2). (B) TE. mode (a = dj). 
2 2 
i, = — 8 + [2 (14-53) 
propagate, and Its frequency, called the cutoff fre- a: I, €, a b 
quency of the waveguide, is computed from f = 


| Vv, = c/Vu,e, is the velocity of propagation of 
electromagnetic wavefronts if the waveguide is 
f, = v,/2a (14-52) filled with a dielectric other than air (or a vacuum). 
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FIGURE 14-23 Some field configurations/modes for rectangular waveguides. 
(From S. Ramo and J. Whinnery, Fields and Waves in Modern Radio, 1956. 
Reprinted by permission of John Wiley & Sons, Inc.) 
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FIGURE 14-24 frequency of propagation relative 
to TE,.. (From Fields and Waves in Modern Radio, S. 
Ramo and J. Whinnery, 1956. Reprinted by 
permission of John Wiley & Sons, Inc.) 


Figure 14-24 shows the relative cut-off frequen- 
cles of a few modes for the rectangular waveguide 
with two different dimension, or aspect, ratios, 
b/a. 


Coupling to Waveguides 


Coupling microwave signals into and between 
waveguides can be accomplished by appropriately 
designed slots, windows, and other openings. Cou- 
pling to and from a coaxial transmission line is ac- 
complished by probes or loops. Appropriate dimen- 
sions are necessary to achieve an impedance 
match. 

Figure 14-25 illustrates a quarter-wave- 
probe wave launcher in which the coax center con- 





FIGURE 14-25 Technique for probe-coupling to 
excite TE; propagation in rectangular waveguide 
from coaxial line. 
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ductor extends by a quarter wavelength (A/4) into 
the waveguide, and the guide end Is closed at a 
quarter guide-wavelength (A,/4) from the probe. 
(\, is defined in the next section.) The position 
shown will place the probe at the peak of the e/ec- 
tric field for launching a TE,, mode. Other TE 
modes can be excited by probes as shown in Fig- 
ure 14-26. A probe in the end-cap will launch a 
TM,, or possibly higher-order modes. 





FIGURE 14-26 ‘Coax-to-rectangular waveguide 
coupling with probes. 


The TE,. mode can also be launched using a 
coupling loop in the end-cap as shown in Figure 
14—27. The loop produces a longitudinal magnetic 
wave, and the corresponding electric field will be 
transverse to the direction of power flow. 


End cap 


FIGURE 14-27  Loop-coupling to excite a TE, 
mode in a rectangular waveguide. 


Use of Smith Chart with Waveguide 


Transmissions 


The direction of the plane waves which zig-zag 
their way down the waveguide by reflections off of 


WAVEGUIDES 





the waveguide walls is shown as a “ray” in Figure 
14-28. Figure 14-28 shows the top view of a rec- 
tangular waveguide with a TE,, mode propagating 
from left to right. From the fields shown in Figure 
14-21, we know that the electric field vector of 
the TE, mode has a single phase-reversal (A/2) 


from one side wall of the guide to the other. In time — 


t the wavefront travels a distance ct, whereas the 
signal energy moves parallel to the guide wall a dis- 
tance v,t, while the apparent phase moves v,f. This 
is a relativistic effect: what you observe depends 
upon your observation point. From the point of 
view of energy propagating along the waveguide, 
the phase velocity appears to exceed the speed of 
light, and the guide (or group) wavelength A, ap- 
pears to be longer than the wavelength of the 
transmitted signal. 

The similar triangles of Figure 14—28 provide 
a means of solving for the relationships between 
\,, A, and the waveguide cross-sectional dimension 
a. From similar triangles, 


hy/2 _ 2 


ct a 


(14-54) 


where ct = Va + (A,/2)*. Cross-multiplying 


and solving for A, gives 


hz = (A/a)V a? + (A,/2)? (14-55) 


Squaring both sides and solving for A, yields 


a (14-56) 


Al7 


FIGURE 14-28 Top view of rectangular 
waveguide with the TE; mode propagating. 


The waveguide fundamental cut-off wavelength is 
AX, = 2a, so that 


d 
=>, SS (14-57) 
1 — (A/A,)” 


Equation 14-57 gives the (apparent) wavelength 
along the guide A, in terms of the transmission sig- 
nal wavelength A and the waveguide cut-off wave- 
length A,. 

The velocity at which signal energy propa- 
gates along the waveguide axis is . 


V, = cA/X, (14-58) 


And the phase velocity along the waveguide axis 
IS 


V, = cv /d (14-59) 


The wave impedance of equation 14-3 for free 
space Is modified for a rectangular waveguide and 
called the waveguide characteristic impedance. For 
TE mode propagation, 


Z, = 377A, /r (14-60A) 
and for TM modes, 
Z, = 377N/X, (14-60B) 
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EXAMPLE 14-7 


A 10-GHz signal is coupled to a 1-meter-long hollow copper waveguide which 
has dimensions of a = 0.787 inches, b = 0.394 inches. The output end is 
loaded in 285 (2. Determine the following: 


1. Skin depth. 


2. Wavelength and frequency of the lowest-frequency signal which will 
propagate down the guide. © 


3. The modes, if any, which will propagate. 
4. The ratio of signal-to-guide wavelength. 
5. The VSWR. 

6. The return loss. 

7. The impedance seen at the input end. 


Solution: 


1. 6 = 1/V(5.8 X 10’) r (4% X 1077)(10") = 0.66 um. 

2. A, = 2a = 2 X 0.787 inch (2.54 cm/inch) = 4 cm. f = c/AA = 
300 M (meters/sec)/0.04 m = 7.5 GHz. 

3. bla = 0.394/0.787 = ‘%.. f/f, = 10 GHz/7.5 GHz = 1.33. By Figure 
14-24, the 10-GHz TE,. mode will propagate because it is 33 percent 
above the guide cut-off frequency. The next possible modes for the 
guide with b/a = 0.5 would be TE , or TEs»; however the signal fre- 
quency would have to be increased above 2 & 7.5 GHz = 15 GHz. 

4. »% = (300M _m/s)/10" cycles/sec = 3 cm. A, = 3 cm/ 

1 — (3 cm/4 cm)? = 4.54 cm. A/A, = 3/4.54 = 0.661. 


5. Z, = (1/0.661)377 Q = 570 @). For purely real impedances, VSWR = 
Z,/Z, or Z,/Z,, whichever is greater than one. VSWR = 570 Q/285 Q 
= 2.0. 

6. p = (VSWR — 1)/(VSWR + 1) = 0.33. RL(dB) = —20 log 0.33 = 
9.54 dB. 


7. ad = 1 meter which, in wavelengths, is Im/A, = 100 cm/4.54 cm = 
22.048 X. Place z, = 285/570 = 0.5 on the Smith chart. Move 0.048A 
from z, = 0.5 toward the generator on the constant VSWR circle. This 
gives z = 0.53 + /0.23, so Z, = 570 Q(0.53 + /0.23) = 302 + 
j1319. 


DIRECTIONAL COUPLERS 
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DIRECTIONAL COUPLERS 








A directional coupler is an extremely important de- 
vice for microwave measurements. It is a passive 
device which allows for (continuous) signal sam- 
pling, signal injection, and the measurement of in- 
cident and reflected power to determine VSWR. 
Figure 14-29 is a schematic representation 


je sane a 
4 3 


FIGURE 14-29 irectional coupler. 


of the directional coupler. The input (port 1) is cou- 
pled with very low loss to the main output (port 2). 
The sampled output is port 3, and port 4 must be 
terminated in 50 Q. If the coupler is reversed, with 
port 2 as the input and port 1 as the main output, 
then port 4 is the sampled output and port 3 must 
be terminated in 50 Q. 

There are various construction techniques 
which give the three- (or four-) port device its 
highly directional characteristics. The /oop-type 
couples the electric and magnetic fields in such a 
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way as to produce cancellation at port 3 for signal 


‘inputs at port 2. Signal inputs to port 1, however, 


will reinforce for outputs at port 3. Another type 
of construction uses two coupling holes between 
the main line and the sampling (or coupling) port. 
The holes have A/4 (90°) spacing, so that a signal 
traveling in the forward direction is in phase at the 
coupling holes, but a signal coupling back travels 
\/2 (180°) and cancels. 

The coupling factor expresses the ratio, in 
dB, of the input port power to the sampled port 
power; that Is 


Coupling factor (dB) = 10 log P,/P; (14-61) 


The device insertion loss (main line power transfer) 
IS 


Insertion Loss (dB) = —10log P,/P, (14-62) 


The amount of directivity is determined as follows 
(with port 4 terminated in Z,): 


e With input of P,, at port 1 and Z, on port 2, 
measure power at port 3, P;(/). [P,,/P3(/) is 
the coupling factor. | 

e Then reverse the coupler and put 7, at port 
2 and Z, on port 1. Measure the power at 
port 3, P(//). [P,,/P3(//) is called the reverse 
coupling factor. | 


Directivity (dB) = 10 log [P3(/)/P3(//)] (14-63) 


A 50-Q directional coupler is tested with the following results: Port 4 Is ter- 
minated in 50 Q. All generators and power meters are 50 @. P, (in) = 5 mW, 
P, = 0.1 mW; then, with P, (in) = 5 mW, P; = 50 nW. Determine: 


The coupling factor. 
The directivity. 


The amount of power reaching the main output port with 5 mW input 


to P,, and the device insertion loss. 
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Solution: 


1. Coupling factor (dB) = 10 log (5 mW/0.1 mW) 
= 5 mW = + 7 dBm and P,(/) = 0.1 mw 
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17 OB. Or, P, (in) 
— 10 dBm. Then 


10 log [P, (in)/P;(/)] = +7 dBm — (—10 dBm) = 17 aB. 
Directivity (dB) = 10 log [(0.1 mwi(50 X& 10°° mW)] = 33 GB. This 


is also found from: reverse coupling factor (dB) — coupling factor (dB). 
Reverse coupling factor (dB) = 10 log 5 mW/(50 & 10°® mW) = 50 
dB, and 50 dB — 17 dB = 33 cB. 

With P; (in) = 5 mW, 0.1 mW is lost to the sampling port. Therefore 
P, = 5 mW — 0.1 mW = 4.9 mW. Insertion loss (dB) = 
— 10 log 4.9 mW/5 mW = 0.09 GB. 











Problems 


1, 


Determine the wavelength in free space for 
the following signals (use English and metric 
units): 

a. 10-kKHz audio 

b. 1000-kKHz AM carrier 

c. 1O0-MHz FM carrier 

A signal with a half-wavelength of 1 centi- 
meter can propagate by waveguide behavior 
iN a coaxial transmission line filled with teflon 
(€, = 2.1). Determine the signal frequency. 


. An open-wire telephone line has the following 


parameters: L = 4 mH/mile, C = 8 X 1073 
LF/mile, R =_10 Q/mile, and G = 0.4 pS/ 
mile. Hint: VY A/@ = VA /0/2. Determine: 
a. 2, at 3 KHz 

b. Frequency at which R = al. 


. A loss-less, twin-lead transmission line 10 


meters long has 1-mm lead diameters and 
lead separation of 1 centimeter. Assume €, = 
1.44 and uw, = 1. Determine: 

a. Z, 

b. Total inductance 

c. Total capacitance 


. What must be the ratio of outer-conductor 


(braid) diameter to center conductor diameter 
for a 75-Q teflon coaxial transmission line? 


. Ashort length of alumina (e, = 10) microstrip 


has been constructed with a very thin con- 
ductor. The conductor width is 3 mm and 
thickness of dielectric 8 mm. Determine the 
characteristic impedance. 


. Determine the voltage reflection coefficient 


for a 75-Q line with the following terminating 
impedances: 

a. 25Q 

b. 500 

c. 75Q 

d, 11250 

e. 2250 


. A loss-less 50-Q line with a 100-Q terminat- 


ing load is suddenly connected to a 50-Q gen- 

erator with a constant voltage of 10 V dc. 

Determine: 

a. Voltage at the line input immediately after 
the connection to the generator 

b. Voltage and current at the load after the 
first reflection 


. How many reflections will there be from the 
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10. 


11. 


12. 


13. 


14. 


16. 
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13. 


load end of the line for problem 8? Make a 
sketch of v,, (at line input) and v, versus time. 


Determine the reflection coefficient for a 50- 
Q) line with each of the following loads: 

a. 502 

b. —/50 Q 

Go. FIO 

d. 50 + /50 Q 
e. 25 — (1002 

f. Y, = 0.04 + /0.01 Siemens 


Determine ‘y, a, and 6 for the telephone line 
of problem 3. 


Determine the attenuation in Nepers and in 

dB for a 1-kilometer length of RG58A/U coax 

with a loss of 5 dB/100 feet. 

Slotted-line (« = 

ments at 2.2 GHz yield the following data: 

Vi» = DOV and V,,, = 25 V (occurring 10 

mm from the load). Determine: 

a. VSWR 

b. Magnitude of the reflection coefficient 

c. Maximum value of impedance on the 
transmission line 

d. Distance in wavelengths between the load 
and first maximum impedance point 

Find the input impedance, in Ohms, for a 50- 


Q transmission line, 3.3A long, if the load is 
20 + j75 Q. 


. Find the input impedance in Ohms, VSWR, 


and reflection coefficient of a transmission 

line (TL) 4.3A long when Z, = 100 Q and Z, 

= 200 — /150 2. 

The maximum voltage on an air dielectric TL 

is 10 V peak. The closest minimum is 1 meter 

away and measures 4 V peak. Determine: 

a. VSWR 

b. Frequency of sinusoidal generator driving 
the line. 


A TL has a VSWR at the load of 1.9. What 
is the VSWR at the generator if the line has 
2 dB of loss? (Use the Smith chart.) 


Two transmission lines are connected in se- 


1, Z, = 50 Q) measure- 


12. 


20. 


21. 


Pea 
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ries. The generator is connected to a 50-2 

line of length 2. = 0.159A. This is con- 

nected toa 75 Q = Z,, line of length 5, = 

0.116A, terminated in Z, = 25 — /37.5 Q. 

Determine the impedance seen by the 

generator. 

a. Determine the return loss at the generator 
in problem 18. 

b. If 4 mW is incident at the input line from 
a 50-Q generator, what will be the re- 
flected power and the power transmitted 
down the line? 

A 50-Q transmission line is connected to an 

antenna with Z,, = 100 — /60 Q. Deter- 

mine the following for a single stub-tuner: 

a. Shortest distance to the stub (from the 
antenna load) 

b. Value and type of reactance needed to 
tune (resonate) the line 

c. Length of short-circuited stub 

A load of 100 — /60 Q is to be matched to 

a 50-Q line with only a quarter-wave ()/4) 

transformer. 

a. Where should the transformer be located ? 

b. Determine Z, of the transformer. 

c. If f = 1 GHz, determine the length of the 
transformer in meters if the transmission 
line dielectric constant is €, = 2.25. 

Determine the 50-Q S-parameters and input 

return loss for the circuit of Figure 14-30. 


100 £2 


FIGURE 14-30 


23. Find the S-paramenters for a lossless open- 


circuited 50-Q transmission line 5A/6 long 
(300 electrical degrees). 
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24. 


25. 


26. 


27. 


28. 


50 


FIGURE 14-31 


Determine the 50-2 S-parameters for the cir- 

cult of Figure 14-31. 

A device has S,, = S, = 0.6/— 180°, S,, 

= S, = 0./07/—90°. Find: 

a. VSWR 

b. Forward insertion gain (loss) when the 
load Is Z, 

c. Input return loss. 


A hollow rectangular waveguide with cut-off 
frequency of 2.66 GHz is used at 3.7 GHz. 
Determine: 

a. The guide wavelength A, 

b. The phase velocity 

c. The guide propagation velocity 


What are the (two) electric and magnetic field 
conditions at the surface of a perfect conduc- 
tor which force electromagnetic waves to 
propagate only by zig-zagging (reflecting back 
and forth) down a metal waveguide? 

A hollow brass X-band (8.2 — 12.5 GHz) 
waveguide designated as JAN RG 52/U (or 
WR 90) has dimensions of 22.860 mm-and 
10.160 mm 


29. 


aU. 
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a. Determine the wavelength and frequency 
of the lowest-frequency signal which will 
propagate. 

b. Determine the cut-off frequency for the 
TE,, mode. 

c. How many modes can propagate if f = 
18 GHz? | 


The waveguide of problem 28 is 2 meters 
long and terminated by Z, = 377 Q. For a 
10-GHz signal, determine the following: 
a. The ratio of signal-to-waveguide propa- 
gation wavelengths 
Waveguide impedance (it is not 377 ) 
VSWR 
Impedance at the input end 
If 1 KW Is incident at the load, how much 
power is reflected? 
A 50-Q three-port directional coupler with 10 
dB of forward coupling and essentially infinite 
directivity has 10 mW at port 1. 
a. Determine the power measured with 

50 Q power meters at ports 3 and 2. 
b. Repeat if forward coupling is 25 aB. 


ee ee 


An ideal three-port 50-Q directional coupler is 

connected to an unknown load Z,. When con- 

nected in the forward direction, P; = 1 mW; 

with the coupler reversed, P; = 0.25 mW. 

Determine: 

a. VSWR 

b. RL (dB) and reflection coefficient 

c. Two values of Z, which could cause the 
VSWR. 
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CHAPTER 15: ANTENNAS AND RADIOWAVE PROPAGATION 


Introduction: Field Concepts 


In the study of wave propagation in this and the 
last chapter, It is assumed that the reader is famil- 
iar with elementary stationary electric and mag- 
netic field concepts such as the following. 


= G- 
Ated* 





(mks units) (15-1) 
where F (Newtons) is the magnitude of the force 
on two charges g and g, (Coulombs), separated by 
d (meters) in an undisturbed medium of € (Farads/ 
meter) permittivity. 


E = F/g = q,/4med’ (15-2) 


where E (volts/meter) is the magnitude of the e/ec- 
tric field intensity, or electric field strength, a dis- 
tance d from charge g, due to the static electric 
field produced by q;. 


= ¢F = g/4rd’ (15-3) 


where D (Coulombs/meter’), called electric flux 
density, gives the amount of electric flux due to g,, 
which passes through a sphere of radius d in an 
isotropic medium of permittivity €. The surface area 
of the sphere is 4ad*. An isotropic medium ex- 
hibits the same properties in all directions. 


— MM, 
A4mpd? 





(15-4) 


where F is the magnitude of force between two 
magnetic poles of pole strength m, and m, (We- 


bers) separated by d (meters) in an undisturbed 
medium of ys (Henrys/meter) permeability. 


/ 
H=— (15-5) 
27d 


where H (Amperes/meter) is the magnitude of the 
magnetic field strength d meters froma filament 


(fine wire) carrying a constant current of moving 
charge /. 


sy ofl 


= (15-5 
27d 


_ where B (Teslas) is the magnetic flux density (1 


Tesla = 1 Weber/meter*) associated with the field 
strength H. Equation 15-6 will give the magnetic 
flux density at a distance d around the current fil- 
ament in an isotropic medium. 

The force on a charged particle g with con- 
stant velocity v in a magnetic field is determined 
from 


F=qvXB (15-7) 


where the magnitude of the force depends on the 
angle @ between the velocity vector (particle direc- 
tion) and the magnetic field direction. Thus, F = 
qvB sin 6 and the direction of the force is given by 
the right-hand curl rule between the directions of 
v and B. The boldface indicates a vector quantity 
with magnitude and direction. 
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ANTENNA RADIATION 


In chapter 14 we saw that an open-circuited, two- 
wire transmission line driven by a sinusoid will have 
a standing wave pattern with a voltage maximum 
at the open end (Figure 14-11C). At a distance 


one-quarter wave from the end (d = X/4), the 
voltage standing wave is at a minumum. This trans- 
mission line, fortunately, loses very little energy by 
radiation because the fields of the two wires can- 
cel. However, if the wires are folded out from the 
\/4 points, a dipole antenna is formed (see Figure 
15-1). Now the electromagnetic fields will be in 
the same direction and are additive. The electric 


ANTENNA RADIATION 


A/4 






Balanced transmission line 


A/4 


FIGURE 15-1 Half-wave dipole antenna. 


and magnetic field components far enough away 
from the immediate vicinity of the antenna cannot 


return to the antenna and are radiated into space . 


(radiation field). The sinusoidally varying E-field 
gives rise to a sinusoidally varying H-field, and vice 
versa. Thus the electromagnetic wave sustains it- 
self as it propagates away from the antenna free 
of electrical conductors. The ratio of magnitudes 
E/H is a constant in free space and Is called the 
wave impedance. From equation 14-3, F/H = 
Z,, = 377 Q. The velocity of propagation is the 


speed of light, c = Vu.eé, = 3 X 10° m/s. 


Polarization 


In free space the E- and Hfields are at all times 
transverse (at right angles) to each other and to the 


x | 


m | 


v/ 
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direction of propagation. In fact, the direction of 
propagation of energy is found with the right-hand 
rule and the Poynting vector 


P=EXH (15-8) 


With the right hand open and the fingers pointing 
in the direction of the E-field vector, curl the fin- 
gers towards the direction of the H-vector and the 
thumb will point in the direction of signal propa- 
gation (see Figure 15-2A). The sinusoidal varia- 
tions of the E- and H-fields propagating in space 
are seen in Figure 15—2B. With E the peak electric 
field strength, H = (8/wy,)E is the peak magnetic 
field strength. G6 = w/v, = wVU-€, is the wave 
propagation constant in space, from which it Is 
seen that the impedance of space is Z, = E/H = 


V uoS€e, = 377 YQ. 


Unless acted on by propagation medium 
changes in € or mw, the E and Hfield orientations 
with respect to the earth’s surface will remain un- 
changed. By convention, the orientation of the 
electric field with respect to the earth's surface Is 
called the polarization of the signal wave. If E is 
vertical, the transmitted signal is called vertically 
polarized; if horizontal, the signal is called horizon- 
tally polarized. \f the E-vector is rotating, it is called 
circularly polarized. 

For simple antenna structures, the electric 
field is generally parallel to the plane of the active 
element; that is, a dipole, horizontally oriented with 
respect to the earth will radiate a horizontally po- 


FIGURE 15-2 = Transverse 
electric (E) and magnetic (H) 
fields. 
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larized signal. To receive the maximum. signal 
strength, the receiving antenna should be oriented 
parallel to the electric field. Antennas follow the 
reciprocity principle—the same for transmitting as 
for receiving. However, this does not mean that a 
small receiving antenna can necessarily withstand 
the extreme electric potentials that a transmitting 
antenna is designed to withstand. 


Radiation Pattern and Power Density 


The radiation pattern of an antenna is usually com- 
pared to that of a theoretical source, a point- 
source /sotropic radiator. The point source trans- 
mits P, watts of power which radiates isotropically 
to form spherical wavefronts. At a distance d from 
the isotropic radiator, the power has spread out to 
occupy a spherical surface area of 4mrd*. Hence, 
the power density P on the wavefront in Watts/ 


Square-meter Is 
P = P./4rd’ (15-9) 


The radiation pattern, shown in Figure 15—3A for 
the theoretical isotropic radiator, is a polar plot of 





FIGURE 15-3 _ Aadiation pattern for theoretical 
isotropic radiator. 


the electric field intensity in the horizontal plane. 
As seen in three dimensions (Figure 15-3B), the 
radiation characteristic for the isotropic source is 
omnidirectional. The two-dimensional plots for var- 
lous antennas are made by electric field strength 
measurements far from the antenna. The polar 
plots of the measurements are usually called the 
antenna pattern. Such a pattern for the horizontal 
plane is shown in Figure 15-4A, along with the 
three-dimensional representation in B of an ideal 
d/2 dipole antenna. 
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FIGURE 15-4 Dipole radiation pattern. 
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RECEIVED POWER AND ELECTRIC 
FIELD STRENGTH 


Equation 15-9 indicates that a transmitted electro- 


. magnetic wave spreads out as it travels through 


space so that a receiving antenna of effective sur- 
face area A, parallel to the wavefronts, will only 
collect P, Watts, given by 


P. = PAn (15-10) 


where 7 Is the antenna efficiency. 

The electric field strength in volts/meter on 
the wavefront d meters from a transmitter is de- 
termined from P = E°/Z, which from equation 
15-9 and Z = EF/H yields 


E= VPZ (15-11A) 
E = V30P,/d (15-11B) 


Equations 15-11 indicate that the electric field 
strength decreases with distance as 1/d from the 
source while, from equation 15—9, the power den- 
sity is decreasing as 1/d* with distance. 


lems: 
DIPOLE (HERTZ) ANTENNA. 


The simple dipole, Hertz* antenna is shown in Fig- 
ure 15—5 with the voltage distribution and its vari- 


*Named for the German physicist Heinrich Hertz of 
the late 1800s. He used dipole antennas in proving Max- 
well’s equations. 





DIRECITVITY 


ation with time (dashed). The antenna is usually 
made with two A/4 wires or hollow tubes. Addi- 
tional structural support will, of course, be re- 
quired. The overall length required to produce a 
resonant structure is A/2 or multiples thereof, 
where A = c/f. The actual A/2-dipole antenna is 
usually cut 5 percent shorter than the theoretical 
value to account for (capacitive) fringing effects at 
the ends. 

The current distribution along the dipole is, of 
course, zero at the ends but rises to a maximum 
at the center. At the center of the dipole, the volt- 
age is a minimum so the impedance is minimal at 
the center. For the resonant A/2 dipole, the an- 
tenna impedance Z, at the feedpoint (shown in Fig- 
ure 15-5) is about 72 Q (resistive), depending 
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FIGURE 15-5 — Hertz half-wave dipole antenna. 


somewhat upon the element diameter and /*F loss 
component. Most of the 72 Ohms (68-70 Q) rep- 
resents an equivalent radiation power dissipation 
and is called radiation resistance. It is important to 
match the transmission line to the antenna imped- 
ance Z, in order to minimize VSWR and power 
losses on the transmission line. The power input to 
the antenna is P,, = Z,/*/2, where / is peak sinus- 
oidal current. 


Antenna Gain (dBi) and Effective 
Area 


The antenna pattern for the ideal half-wave dipole 
is shown in Figure 15—4. Notice that the radiation 
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field strength is a maximum at the center of the 
antenna length, and the transmitted power will be 
concentrated in two loops two-dimensionally and 
a toroidal or “donut” shape three-dimensionally. 
The dotted circle on Figure 15—4 is the field inten- 
sity for the isotropic radiator; the dipole has mini- 
mal transmission or reception off the ends of the 
antenna, but the maximum radiation actually ex- 
ceeds that of the isotropic radiator. The excess is 
about 2.15 dB and is called the gain (or maximum 
gain) of the dipole with respect to the theoretical 
isotropic radiator. Since the gain comparisons for 
antennas are made with the isotropic radiator pat- 
tern as a reference, the gain in decibels is written 
as dB/. Thus, the maximum power gain of an ideal 
half-wave dipole is G (dB) = 2.15 dB/ (Power Gain 
G = 1.64). 

When computing the maximum power inter- 
cepted by an antenna, the antenna’s effective area 
is used. It can be shown that the effective area A 
of an antenna is given by 


A = NG/4r 
which for a A/2 dipole is X*/7.7. 


(15-12) 


15-4 
DIRECTIVITY 


Antenna structures that concentrate power in one 
direction at the expense of radiation in other direc- 
tions have directional gain compared to the Iso- 
tropic radiator. The maximum directive gain is 
called the directivity of the antenna and is found 
from theoretical calculations. The actual power 
gain of an antenna is determined from measure- 
ments and includes internal /*R and other nondi- 
rective power losses. A particular antenna which Is 
inefficient due to such power losses will require 
more input power to achieve the same power den- 


sity compared to the theoretical antenna. Hence, 
G = nD (15-13) 


where 7 is the efficiency and D Is the directivity. 
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BEAMWIDTH 








Also associated with the directivity of an antenna 
is the beamwidth. Two lines are drawn from the 
center of the antenna pattern plot through the 
points where the radiated power is 3 dB less than 
at the maximum gain point. The angle formed by 
the two lines is the beamwidth. Beamwidth and 
maximum directive gain are both measures of the 
directivity of an antenna. The beamwidth will be 
determined for a directional antenna array (see dis- 
cussion of the Yagi antenna). For the half-wave di- 
pole, beamwidth is 78°. Highly directive, high-gain 
antennas have much narrower beamwidth. 


15-6 | 


THE GROUNDED VERTICAL 
(MARCONI) ANTENNA 





An antenna encountered by most people is the 
quarter-wave vertical, found on most automobiles. 
It is named after the Italian engineer Guglielmo 
Marconi who invented the grounded quarter-wave 
antenna and contributed much to transatlantic 
radio around the turn of the century. 

One implementation of this antenna is illus- 
trated in Figure 15-6. A quarter-wavelength in 







r/4 
37 r/4 transformer (52 &2) 


72 Q lead-in 
i of # Pes if or 
etl hey 


Ground plane 


FIGURE 15-6 Marconi quarter-wave vertical 
antenna. 
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height and mounted on an electrically conductive 
ground plane, this antenna is one-half of a dipole 
and is usually fed from a coaxial transmission line 
with the outer shield connected to the ground 
plane. The currents and the voltage pattern on this 
monopole structure are the same as for one-half of 
a dipole antenna; the voltage value at the input, 
however, is only one-half of that for the dipole. 
Consequently, the input impedance of the A/4 ver- 
tical is half that of the dipole, approximately 37 Q. 
Notice also in Figure 15-6 that a 52-Q quarter- 
wave transmission line transformer will match the 
37-Q antenna to a 72-Q lead-in. 

The electrically conductive ground plane is a 
very important part of the overall antenna and its 
behavior. Ideally, the ground plane provides mirror- 


like reflections of energy radiated from the vertical 


pole. The vertical element is sometimes called a 
whip due to its motion in the wind. 
The radiation pattern, as seen in Figure 15—/ 
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FIGURE 15-7  /dealized radiation pattern for \/4 
Marconi antenna with perfect ground plane. 


for a Marconi with perfect ground plane, is one- 
half that of a vertical dipole in free space. The half- 
loops illustrated form a surface of revolution 
around the vertical antenna so that it appears from 
the earth's surface to be omnidirectional, thus the 
nickname “‘omni.’’ This pattern depends upon the 
constructive interference of signals from the active 
pole and the apparent image pole, therefore com- 
plete reflection is required. 


TELEVISION ANTENNAS AND ARRAYS 


For many applications the ground plane con- 
ductivity is relatively poor, resulting in the radiation 
pattern (depending on the conductivity) illustrated 
in Figure 15-8. In addition to the radiation patterns 


FIGURE 15-8 Marconi radiation with imperfect 
ground plane (conductivity not infinite). 


shown in Figures 15—/ and 15-8, a surface wave 
propagates along the ground plane. The surface 
wave will account for all the standard broadcast 
AM daylight propagation. For HF and VHF, how- 
ever, the surface wave dissipates rapidly. 


Counterpoise 


The transmission efficiency, radiation pattern, and 
inout impedance can be brought closer to theoret- 
ical for vertical antennas on poor conductivity sur- 
faces by burying a large number of heavy copper 
wires (such as number 8 AWG), called radials, in 
the ground around the antenna. One-hundred or 
more equally spaced radials, each as long as the 
antenna (or up to A/4), and perhaps joined with a 
ring-shaped ground strap and deep spikes, can pro- 
vide an excellent ground (or earth) mat. 

The same idea is incorporated into the an- 
tenna system illustrated in Figure 15—9. This ver- 


tical antenna is raised well above the ground, per-- 


haps on a tower, and supported horizontally by 
metal cable guy wires. The guy wires immediately 
below. the antenna are cut to A/4 in length and 
connected to the transmission line ground return 
or coaxial shield. 

Any additional length required for the guy 
wire supports are electrically isolated by glass in- 
sulators. The A/4 guy wires connected into the 
transmission line ground will provide the reflecting 
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FIGURE 15-9 Example of counterpoise system for 
Marconi antenna. 


surface required for the Marconi antenna. This 
ground reflector technique is called a counterpoise 
system. 

The angle of the counterpoise wires can be 
adjusted to change the input impedance of the an- 
tenna to, for example, 50 Q and also to optimize 
the angle of the radiation pattern. Quite often guy 
wires are not necessary, and the counterpoise sys- 
tem is composed of quarter-wavelengths of tubing 
placed horizontally or on a slight downward-sloping 
angle from the antenna base. 


TELEVISION ANTENNAS AND 
ARRAYS 


One of the first things noticed when observing TV 
receiving antennas on housetops is that the many 
rods (elements) incorporated have a horizontal ori- 
entation with respect to the earth. From the sec- 
tion on polarization earlier in this chapter, the cor- 
rect conclusion is that these antennas are designed 
to receive a horizontally polarized signal. By con- 
trast, the vertical antennas on automobiles are de- 
signed to receive vertically polarized AM broadcast 
signals (5640-1600 kHz). These automobile verti- 
cals can also receive horizontally polarized FM 





430 


transmissions because signal reflections from au- 
tomobile and other surfaces will change the polar- 
ization angle. Indeed, the “rabbit ears’’ indoor TV 
antenna operates best in a V pattern. 


15-8 
THE FOLDED DIPOLE 


The active element in many TV receiving antennas 
is a folded dipole. It is made from a small diameter 
aluminum tube that is folded into a A/2 flattened 
loop, as illustrated in Figure 15-10. The folded 





: =: |) Twin-lead 


FIGURE 15-10 _ Folded dipole. 


configuration gives this antenna greater structural 
integrity and strength than the two-piece dipole, 
but its electrical properties are a more important 
consideration. 

The folded dipole (FD) voltage pattern is 
shown with dashed lines in Figure 15-10. Since 
the current can go around the corners of the FD 
antenna instead of reflecting from open-circulted 
ends, there is a full wave (A) of current on this an- 
tenna. Indeed, for the same input power, the 
folded dipole input current will be one-half that of 
the half-wave dipole (kp = V2/5), with the same 
inout voltages. As a result, the antenna input 
impedance for the folded dipole is four times that 
of the dipole: that is, Py = Poe laZm = faze. 
which becomes (¥2/,)*Z,, = /24Z,, and therefore 


Zp = AZ, (15-14) 
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Since Z, = 72 Q ideally, the folded-dipole input 
impedance is about 288 Q, so that a 300-2 bal- 
anced, twin-lead transmission line is used for an- 
tenna lead-ins. 

The most important improvement of a folded 
dipole over the dipole is in bandwidth. The range 
of frequencies over which the antenna output Is 
within 3 dB of the maximum output Is the antenna 
bandwidth. Bandwidth can also be defined in terms 
of inout VSWR; as an example, VSWR = 2.0 may 
be used. The bandwidth of resonant antennas such 
as the dipole ranges from 8 to 16 percent, de- 
pending primarily on the wire (or tube) diameter; 
the larger the diameter, the lower the reactance 
and therefore lower Q. The bandwidth of a folded 
dipole is typically 10 percent greater than that of 
the equivalent dipole and exhibits two peaks like a 
double-tuned circuit. This is an important consid- 
eration when wideband signals or a wide range of 
Stations are to be received. 

A simple folded dipole antenna can be made 
for FM reception using 1.5 meters of 300 Q twin- 
lead. Twist and solder the ends and then cut one 
wire halfway from one end to form the antenna 
input terminals. 


TURNSTILES, YAGIS, AND OTHER 
ARRAYS 


FM transmitters typically use folded-dipole turnstile 
antennas in a vertically stacked array or an equiv- 
alent vertical traveling-wave transmission line an- 
tenna structure with slots to form a horizontally po- 
larized but vertically expanded transmission 
pattern. Antenna gains in excess of 10 dB over a 
single dipole may be realized by this technique. (In 
commercial practice, antenna gains are usually 
compared to a reference dipole in free space.) 
Dipoles placed at right angles to each other 
and 90° out-of-phase form an array called a turn- 
Stile antenna. Two forms of the turnstile and its 
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radiation pattern are shown in Figure 15-11. The 
resultant radiation pattern is the sum of the individ- 
ual dipole patterns, producing a nearly omnidirec- 
tional pattern, in the same sense as a Marconi. 
However, the polarization is horizontal when the 
crossed dipoles are mounted in a horizontal plane. 

Standard broadcast stations use vertical Mar- 
coni antennas located in expansive fields whenever 
possible. For good ground plane conductivity, the 
field should be wet (marshlands), or ground mat 
radials are laid out just under the earth's surface. 
In order to increase the gain and optimize directiv- 
ity of the horizontally omnidirectional Marconi an- 
tenna, an array of A/4 Marconi antennas is con- 
structed. The most common arrangement is the 
three-Marconi linear array illustrated in Figure 15— 
12. The phasing of the signals sent to the individual 


ee oe . 
ala, Matte, 


antennas IS monitored at the control station in 
order to optimize the array radiation pattern. Can- 
cellations and reinforcements of the radiated fields 
will produce an optimized area coverage for pro- 
grammed material. Typical spacing between verti- 
cal radiators is 90 electrical degrees (A/4). 


Yagi-Uda 


The most commonly used antenna for TV recep- 
tion is the Yagi-Uda, named after the two Japa- 
nese men responsible for the research and publi- 
cation work. The Yagi antenna, as It is called, is a 


Radiation 
pattern 
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FIGURE 15-11 
techniques. 


Turnstile 


linear array consisting of a dipole and two or more 
parasitic (nonactive) elements which increase the 
gain and directivity of the antenna. 

The basic three-element Yagi using a folded 
dipole as the active element is illustrated in Figure 
15-13. The folded dipole is one-half wavelength, 
and a parasitic element is positioned in front of and 
behind the dipole (with respect to the direction of 
signal propagation). The reflector is behind the di- 
pole and is a straight aluminum rod cut approxi- 
mately 5 percent longer than the dipole. The direc- 
tor Is cut approximately 5 percent shorter than the 
dipole and placed in front of It. Spacing between 
the active and both parasitic (no electrical connec- 
tion) elements is approximately 0.2 (O.15—O0.25)) 
for a maximum directivity of about 9 dB. 

Signal energy coming from the direction of 


ae "Reflector" 
grea a + 5% 


aS Folded dipole 


«a (active element) 


é as. ag, 


Direction of 
best reception 






FIGURE 15-13 Basic Yagi with folded dipole. 





FIGURE 15-12 Three-Marconi linear array. 
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the director strikes all three conductive elements 
and excites them into resonance. Reradiation of 
energy from the parasitic elements adds construc- 
tively at the dipole for an overall power gain. Ad- 
ditional reflectors produce very little extra gain over 
the three-element unit; however, more directors in- 
crease the gain significantl—2.5 dB with three 
additional directors, but only 4 dB for eight addi- 
tional. Five additional directors, for a total of seven 
elements, provide excellent gain, but practical con- 
siderations usually limit Yagis to five _ total 
elements. 

The antenna signal strength pattern for a Yag| 
is seen in Figure 15-14. Notice how the parasitic 
elements have increased the directivity over that of 
a dipole. Notice also the large main lobe (north) 
and small minor lobes behind the main lobe. Actual 
electric field strength values are not important be- 
cause the information we want from this pattern, 
beamwidth and front-to-back ratio, can be derived 
from relative values. 


EXAMPLE 15-1 
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FIGURE 15-14 Yagi antenna pattern. 


The front-to-back ratio (FBR) is the ratio of 
maximum signal off the front of the antenna (main 
lobe peak) to the maximum signal off the back. 
This ratio is expressed in decibels and is another 
indicator of the directivity of an antenna. FBRs ex- 
ceeding 30 dB can be achieved with well-designed 
and constructed. Yagis. An example will help clarify 
the FBR. 


Determine the beamwidth and front-to-back ratio (FBR) for the Yagi pattern 


of Figure 15-14. 


Solution: 


The radial grid out to the peak of the main lobe can be divided into ten equal 
electric field units (volts/meter). 


The electric field is down 3 dB at 0.707 of the peak, which is 7.07 radial 
units. The dashed lines from the pattern-center pass through the main lobe at 
7.07, with angles of approximately 33° east of north and 33° west of north. 
The beamwidth is 0 = 33° + 33° = 66°. 


The electric field is ten divisions front and about 1.8 divisions back. 
Therefore, the front-to-back ratio in dB is 


FBR (dB) = 20 log 10/1.8 = 14.9 cB. 





The VHF TV band covers 54-216 MHz 
(channels 2—13). Consequently, more than one 
folded dipole, each cut to a different length, are 


used to increase the antenna bandwidth. Also, 
Yagis are often stacked vertically with one wave- 
length spacing In order to increse the overall array 
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FIGURE 15-15 = Yagi television antenna. 


bandwidth, gain, and omnidirectionality for opti- 
mum coverage. 

Another popular Yagi for television reception 
is illustrated in Figure 15-15. This antenna has 
multiple swept-angle (60°) dipoles for good VHF 
reception and an eight-dipole Yagi with a corner 
reflector for UHF reception. The parasitic elements 
of a corner-reflector structure perform the same 
function as the reflector element of the in-line array 
Yagi. The difference is that the corner-reflector 
structure places the reflective elements in a vertical 
plane with respect to the plane of the active Yagi 
elements. The UHF elements are relatively short 
and therefore present very little obstruction for 
VHF reception. The total UHF band covers 4/0Q— 
890 MHz (channels 14-83). 


Log-Periodic Dipole Array 


Another very important moderate-gain, highly di- 
rectional, broadband array antenna is the /og-peri- 
odic illustrated in Figure 15-16. This antenna con- 
sists of a horizontal array of dipoles, with the 
longest, number 1, cut for the lowest frequency 
(channel 2 for VHF TV) and succeeding dipoles cut 
shorter and positioned closer to the one before it, 
starting from number 1. The dipole elements are 
successively cross-wired as indicated in Figure 
15-16. 
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FIGURE 15-16  Log-periodic antenna. 


The ratio of succeeding dipole lengths and 
separation distances is a constant given by 


_&, _ fy _ 
7" 0 &, 
— Pr _ Os _ 
= D, D, (15-15) 


where /, = A/2 (lowest frequency desired) and D, 
may be found from Z, = 276 logig (2D,/d) for 
two-wire transmission lines in which d is the di- 
ameter of the elements used. Typically D, is cho- 
sen to be 0.07 to 0.09 A. Values of the design ratio 
T between 0.7 and 0.9 are typical. Also, the spread 
angle Is 
e= tan 27D, (15-16) 

Impedances Z, of 300 Q or 600 Q for twin-lead or 
open-wire transmission line lead-ins are used. 

Broad bandwidth is obtained because of the 
many dipoles resonating at different frequencies. 
Directivity and gain come from the Yagi principle 
of using reflectors and directors. For instance, 
when receiving a station for which dipole number 
2 is resonant, then number 1 can act as a reflector 
while numbers 3 and 4 act as directors. 
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EXAMPLE 15-2 


Design a miniature (lab-size) 300-Q log-periodic antenna for UHF TV (470- 
890 MHz) using number 8 AWG copper wire (0.128 inch diameter), spread 
angle 40°, and design ratio of 0.9. 


Solution: 


30Y/>7g = 1.09 = logig 2D,/d. Hence, D, = 10'%a/2 = 0.78 inches. (Two 
inches would be 0.08 at 470 MHz.) It is good design practice to slightly 
over-cover the frequency range, so we will make the longest dipole for 
470 MHz — 10% = 423 MHz and the shortest for 890 MHz + 10% = 
979 MHz. Then @, = A/2 = 13.96 inches, 2, = 7, = 09 X 13.96 = 
12.56 inches, and so forth up to £, = 6.00 inches. Since A/2 (979 MHz) = 
6.04 inches, we need nine dipoles spaced as follows: D, = O./8 inches, 
D, = TD, = 0.70 inches, etc., up to Dz = 0.37 inches. 


Lo-1lO 
LOOP ANTENNAS 


The main advantage of using a simple loop of wire 
for an antenna is small size and wide bandwidth. 
As shown in Figures 15—17A and B, the loop can 
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FIGURE 15-17 (A,B) Loop antennas. (C) Ferrite 
rod with loops. 


take various shapes. Square or round, the loop 
shape has little effect on the far-field radiation, but 
the diameter should be less than about A/16. 
Hence a wide range of frequencies may be 
received. | | 

The antenna radiation pattern is illustrated in 
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Loop antenna 


Radiation 
pattern 


FIGURE 15-18 Radiation pattern of loop antenna. 


Figure 15—18 and has the toroidal or donut shape 
shown. The small size and radiation pattern make 
the loop antenna ideal for radio direction-finding 
(RDF) applications. The antenna is turned until a 
null in the signal strength is observed. The trans- 
mitting station is then at right angles to the plane 
of the loop. 

The sensitivity of the antenna can be in- 
creased by increasing the number of turns in the 
loop. AM receivers in the MF broadcast band use 
a ferrite rod antenna with many loops of wire. The 
ferrite rod helps greatly in concentrating the mag- 
netic flux lines, the same as a transformer core, 
and the voltage induced in the antenna is directly 
proportional to the number of turns. 


PARABOLIC DISH ANTENNAS 
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PARABOLIC DISH ANTENNAS 


The most popular antennas up to the microwave 
range (1 GHz) are the Marconi verticals for omni- 
directional medium-frequency applications and the 
log-periodic and Yagis for broadband broadcast 
and high-gain, point-to-point radio links. For point- 
to-point microwave radio transmission, however, 
horn-fed parabolic-reflector (“dish’’) antennas are 
used. These antennas can provide extremely high 
gain and directivity and have been used for many 
years by railroad and utility company radio links, as 
long distance multiplexed telephone relay links, and 
are increasingly visible in satellite transmission 
systems. 





FIGURE 15-19 The parabolic reflector. 


EXAMPLE 15-3 
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The basic component in the microwave dish 
antenna is the parabolic reflector. This is the same 
parabolic reflector that is used in flash lights to 
focus light from a small bulb into a beam of light 
with high intensity. The ray-collimating property 
(making the rays parallel to each other) for the par- 
abolic is illustrated in Figure 15-19. 

F is the focal point—the point at which all in- 
coming parallel rays converge. It is also defined for 
all paths FAA’, FBB’ such that the distances 


FA + AA’ = FB + BB’ = aconstant (15-17) 


The mouth diameter D = D’D” should be greater 
than one wavelength at the frequency of operation. 
The focal length \s the distance F, the antenna ap- 
erture \s defined by 

Focal length ‘al 


ieee = — 


(15-18) 
Mouth diameter D 


The directivity or power gain G with respect 
to isotropic Is approximated from 


= n(aD/X)? (15-19A) 


= 5.4D7f?/c? (15-19B) 
(assuming 55-percent surface efficiency) which, in 
decibels, for frequency in MHz and D in feet is 

G (dBi) = 20 log fun 


+ 20 log D, — 52.5dB (15-20) 


The half-power beamwidth can be approximated 
from 


v = 70A/D, degrees (15-21) 


Use equations 15-20 and 15—21 to estimate the power gain and beamwidth 
for NASA‘s 64-meter (210-foot) parabolic antenna used in the deep space 


network for tracking spacecraft at planetary distances. Use 8.4 GHz (X-band) 
frequency. 


Solution: 





G(dB/) = 20 log 8,400 + 20 log 210 — 52.5 dB = 78.5 + 464 — 52.5 


= 72.4 dBi. 
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(The actual efficiency of the 64-meter antenna is about 42 percent, so 
G = 71.3 dBi) Beamwidth, 0 = 70c/fD = 70(9.836 X 10° ft/sec)/[(8.4 
xX 10°)(210)] = 0.039 degrees. 





Next to the parabolic reflector, the most im- 
portant feature of a microwave dish antenna is the 
feed mechanism. The antenna feed is the mecha- 
nism by which signal energy is radiated toward the 
parabolic reflector for transmission, or collected at 
the focal point when receiving. The most common 
feed mechanisms use a conical horn antenna, in- 
cluding the Cassegrain system. 


Conical Horn Antennas 


The conical horn illustrated in Figure 15-20 is a 
microwave antenna consisting of a truncated cone, 


D 


FIGURE 15-20 Conical horn. 


and the truncated part of the cone tip is terminated 
in a circular waveguide that connects the antenna 
to the transmitter or receiver. When used as an 
antenna by itself, the cone angle 0, referred to as 
the flare angle, is made at approximately 50°, and 
the length of the truncated cone controls the an- 
tenna gain. 

When used as the primary feed for a para- 
bolic dish, the flare and length can be adjusted for 
optinum microwave illumination of the reflector. 
The simplest feed technique is illustrated in Figure 
15-21 in which the mouth of the conical horn is 
located at the focal point of the reflector. In Figure 
15—21 the conical horn is supported by four struts, 





FIGURE 15=2.7 


and the waveguide is attached to one of the struts. 
Often an RF low-noise amplifier (LNA) is located 
immediately after the feed horn to provide 20-50 
dB of gain before the losses incurred in the wave- 
guide or microwave coaxial transmission line. This 
will improve the receive system noise figure and 
threshold. Figure 15-22 shows a five-meter di- 
ameter parabolic reflector with a dual-polarization 
conical feed horn. The gain is 44.1 dB/ at 4 GHz 
with 1.1° beamwidth. 

A very important feed mechanism Is the Cas- 
segrain system. |In this system a small conical feed- 
horn antenna at the center of the parabolic reflec- 
tor radiates energy towards a convex hyperbolic- 
shaped reflector, called the secondary reflector. 
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FIGURE 15-22 Cassegrain feed system. 


One of the foci of the hyperboloid reflector coin- 


cides with the focus of the microwave dish so that 
the dish is illuminated evenly, thereby resulting in a 
well-focused beam. The Gregorian-fed system Is 
similar except that an elliptical reflector is used in- 
stead of the hyperboloid. 

For some applications the Cassegrain-fed hy- 
perboloid can become relatively large. In order to 
reduce the shadow in the primary reflector radia- 
tion created by this structure, the feed horn can be 





FIGURE 15-23 Cassegrain-fed parabolic antenna. 
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extended and the secondary reflector reduced In 
diameter. This is shown in the five-meter (16-foot), 
44.5 dB gain at 4 GHz Cassegrain-feed antenna of 
Figure 15-23. The beamwidth is 1.26°, and the 
first sidelobes are down by more than 45 dB. 

All feed system structures create some ob- 
struction to the transmitted or received beam, re- 
sulting in side lobes in addition to the main beam. 
Exitation of side lobes necessarily results in power 
losses and also possible interference to (and from) 
other systems near the antenna. Assuming that the 
antenna designer has done the best possible job, It 
is incumbent upon the user to be aware of this po- © 
tential problem and minimize it by appropriate site 
selection and layout. 

A variation on the microwave dish antenna is 
the hog-horn antenna illustrated in Figure 15-24. 
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FIGURE 15-24 Hog-horn microwave antenna. 


This antenna consists of a horn antenna connected 
to a section of a parabolic reflector. This technique 
eliminates some of the extraneous side lobes due 
to obstructions such as the Cassegrain reflector, 
struts, waveguide, and the horn antenna itself; the 
result will be lower noise pick-up. Another impor- 
tant feature is that the point of energy concentra- 
tion (the focus) does not move as the antenna is 
rotated about the vertical axis. 

Space and time does not allow for a compre- 
hensive coverage of antenna design theory. The in- 
terested reader can find such coverage in Antenna 
Theory and Design by Warren L. Stutzman and 
Gary A. Thiele. 
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WAVE PROPAGATION THROUGH 
SPACE 


RF signal transmission from one antenna to another 
can be divided into two major categories, /ine-of- 
sight and HF radio.* Line-of-sight (LOS) propaga- 
tion is by direct electromagnetic wave expansion 
from the source antenna. Waves produced by 
dropping an object in a pond provides an analogy. 
Propagation in the HF region of the spectrum (3- 
30 MHz) consists of some combination of a 
groundwave component and a skywave compo- 
nent, where the groundwave Is made up of direct 
and surface waves. 

Microwave radio links use point-to-point, line- 
of-sight transmission. These TEM waves are nearly 
planar and propagate in straight lines unless they 
encounter changes in the dielectric constant or the 
conductivity of the medium. Reflections due to 
conductivity changes in the propagation medium 
were considered in chapter 14 for waveguides. A 
change in the dielectric constant of the transmis- 
sion medium can result in reflection and refraction. 
Direction changes can also result from diffraction. 


*Microwave tropospheric scatter techniques in which 
line-of-sight transmissions are scattered by refraction and 
reflection from the troposphere (sea level to about 35,000 
feet—11 km) fit somewhere between LOS and HF. 


Interface 


FIGURE 15-25 
Refraction at interface of 
two alelectrics of differing 
permittivity. 
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Retraction 


The amount of refraction of an electromagnetic 
wave due to changes in dielectric constant can be 
predicted by the use of Snell’s law, expressed by 


sin 6, _ Ve 
sin 8, Ve, 


Snell's law can be derived from the geometry 
of Figure 15-25. Wavefront AA’ is completely in- 
side of medium 1 and has just reached the inter- 
face at point A. In T seconds, point A’ travels a 
distance v,T to point B’; in the same amount of 
time, point A travels a distance v.T to point B. 
BB’ is wavefront AA’, T seconds later and is com- 
pletely inside medium 2. The distance AB’ is the 
common boundary during time 7 and forms the hy- 
potenuse for two right triangles, AA’B’ and ABB’. 





(15-22) 


Sin 0, = v,7T/AB’ and sin 0, = v)7T/AB’, 
therefore 
sin 6, V; 
oe (15-23) 
sin 6, V> 


Equation 15-22 follows since v = c/ Ve for each 
medium. Also 


n, sin 6, = ny sin 6, (15-24) 


where rn is the index of refraction of the medium. 
Index of refraction is the ratio of free-space veloc- 
ity to the medium propagation velocity 


n=c/\, (15-25A) 
n= Ve, (15-25B) 


Medium 2 
Eo 
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Dittraction 


Diffraction is the phenomenon which accounts for 
the fact that some energy can be received by an- 
tennas that are just inside the shadow created by 
an obstacle. This ohenomenon is explained by Huy- 
gen's principle which states that each point on a 
given wavefront can be considered to be a point 
radiation source (isotropic radiator). Thus, when 
the wavefront strikes an opaque obstacle, points 
of the wave near the edge of the obstacle radiate 
some energy into the shadow region. 


HF Radio Waves 


HF radio and standard AM broadcast antennas are 
very large and necessarily built close to the earth; 
for example, a 1000-kKHz, A/4 Marconi antenna for 
AM broadcast is a 72- to 75-meter (236- to 246- 
foot) tower. An idealized radiation pattern for this 
antenna over a perfectly conducting surface would 
approximate the pattern of Figure 15—/. Thus en- 
ergy would be radiated into the sky and along the 
ground; that is, the radiation pattern consists of a 
skywave and a groundwave. The groundwave con- 
sists of a vector sum of direct radiation from the 
antenna plus reflections from the earth. For the 
nonidealized, real case in which the closeness of 


the earth to the antenna precludes the reflection of. 


plane waves (they are still spherical), a surface 
wave is produced that contributes to the ground- 
wave. As seen in Figure 15-8 for the case of poor 
ground conductivity, the surface wave and the 
groundwave are attenuated, and most of the signal 
takes off into the sky. The take-off-angle (TOA) is 
defined as the angle above the horizon at which 
the transmitting antenna has maximum radiation. 
For vertically polarized antennas, the TOA depends 
primarily on ground conductivity; for horizontally 
polarized antennas, frequency and antenna heights 
h above ground are important. The relationship Is 


approximately 
TOA = sin” '(\/4h) (15-26) 


Also, as the signal frequency increases, the surface 
and groundwaves weaken. 
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For these reasons, transmissions at HF and 
above use elevated antennas and rely on skywave 
(also called ionospheric) propagation. 


Long-Distance HF Radio 


Transmission 


Highly reliable (90 percent or better) long-distance 
communications links can be operated at HF. 
These communication links take advantage of the 
fact that HF signal waves can be reliably reflected 
by the ionosphere and returned to the earth at 
great distances from the transmitter. By using mul- 
tiple reflections (multihop operation) between the 
earth and ionosphere, reliable HF radio links in ex- 
cess of 6000 km (3730 miles) are being operated. 

The maximum usable frequency (MUF) for 
such a transmission may be determined by solving 
Snell's law with 8, = 90° (see Figure 15-25). As 
seen in the figure, 90° is the critical angle because, 
for smaller 8, and 6@,, the signal is not reflected 
back to earth and escapes into space unless other 
layers exist to provide reflection. 

Thus, the maximum usable frequency can be 
found from 


fue = t,/cos 0, (15-27A) 


or faye = f, sec 8, (15-27B) 
where f, is the maximum frequency for which re- 
flection of a vertically transmitted signal will occur. 
Equation 15-27B is the secant equation in which 
6, is the angle between the radiated ray and the 
normal to the surface of the earth. 


The Ionosphere 


Various layers of gases in the earth’s atmosphere 
become ionized due to bombardment by particle 
radiation from cosmic rays, meteor activity, and 
especially sunspot activity. The four major layers 
illustrated in Figure 15-26 are collectively called 
the ionosphere. 

Layer D, 50-90 km above the earth, exists 
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FIGURE 15-26 The four 
major layers of the 
ionosphere. 


only during the daylight hours. Layer E, 9O—140 
km above the earth, is also a daylight phenomenon. 
This layer depends on the sun’s ultraviolet radiation 
and also exhibits sporadic reflectivity irregularities. 
The f, is approximately 4 MHz. 





The F, layer exists 140-250 km above the 
earth, has f, of about 5 MHz, and tends to rise at 
night, merging with the F, layer. The F, layer is 
present day and night but at varying altitudes. Dur- 
ing the day it resides at about 250-300 km, and 
at night it merges with F, and covers 150-350 km 
above the earth’s surface. 

Operating reliable communication links that 
take advantage of refractions and reflections be- 
tween the ionosphere and earth's surface takes a 
good deal of planning. The operating frequency 
must be changed a few times over a 24-hour pe- 
riod to coincide with ionospheric changes. The op- 
timum operating frequencies are predicted and 
published monthy by the U.S. National Bureau of 
Standards. Also, the TOA and various earth and 
human-made obstacles. (including RF interference) 
must be included in the planning. 

Other considerations include skjo or quiet 


lonosphere 


FIGURE 15-27 Multihop 
long-distance HF 


transmission. wave 
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zones, multipath, fades, and normal fixed attenua- 
tions over a given path, called space /oss or space 
attenuation. 


The Skip Zone 


Figure 15-27 illustrates the skip zone; two hops of 
a multihop transmission are shown. The transmit- 
ting antenna Is located at A and radiates a ground- 
wave, a direct wave, and a skywave. Dissipation 
of the groundwave and loss of direct radiation 
leaves an electromagnetic shadow between points 
C and E, where the skywave returns to earth after 
ionospheric scattering. The region between points 
C and E is a zone of no reception, or skip zone. 
Of course, an antenna beyond the ground- 
wave and over the horizon at point D may still be 
able to pull in the signal if it is tall enough. The 
required height is found from the approximation 


ld — 2h) 


where fh, and h, for the receiving and transmitting 
antennas are in feet, and d is the distance in miles 
between over-the-horizon antennas. 


A, — (15-28) 
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POWER LOSS IN SPACE 


Multipath Distortion 


Objects with conducting surface dimensions on the 
order of one-half wavelength or more will reflect 
radio signals. This phenomenon was used to ad- 
vantage for parasitic array antennas. However, 
when the reflections are from buildings and other 
electrically conducting objects within a few miles 
of the receiving antenna, distortion may result. 

~ A well-Known example of multipath distortion 
in television reception results in ‘‘ghosts.”’ As illus- 
trated in Figure 15-28, a TV transmission is re- 





FIGURE 15-28 Multipath reception. 


ceived via two paths. The direct signal is received 
first and is relatively strong; the same but weaker 
signal reflected from an object such as a building 
or mountain, arrives later at the receiving antenna. 
The later signal will be recorded on the TV screen 


EXAMPLE 15-4 
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as a ghost. The source of such mulitpath distortion 
problems can usually be located by a quick calcu- | 
lation and a search. The calculation is demon- 
Strated in example 15-4. 

Multipath problems in TV systems have 
prompted recommendations for changing TV 
transmission to circular polarization. The reason Is 
that the phase reversal in a reflected horizontally 
polarized wave (as in present TV transmission) is 
received by the TV antenna just as well as the un- 
reflected signal; however, a signal with right-cir- 
cular polarization will have left-circular polarization 
when reflected, and a receiving antenna built for 
right-circular polarization will not pick It up. An an- 
tenna with an active element wound in a helix 
(corkscrew shape) can be wound with a right spiral 
or a left spiral. If everyone could then agree to buy 
a new helix antenna, we could say good-bye to TV 
ghosts. | : | 
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POWER LOSS IN SPACE 


The natural loss of signal power between a trans- 
mitter and receiver has three major components: 


Determine the difference in path lengths between the direct and multipath 
signal which produces a TV ghost displaced by 2 centimeters from the direct 
image on a 19-inch screen. 


Solution: 


A 19-inch diagonal screen with 4:3 aspect ratio (standard width-to-height 


dimensioning) has.a width of 19 & % = 15.2 inches (38.6 cm). Horizontal 
sweep time is 1/15.75 kHz = 63.5 us, of which about 53 us is visible. Thus, 
the 2-cm delay amounts to (2/38.6)53 us = 2.75 us difference in signal 
arrival times. D = v,t = 3 X 10° m/s X 2.75 us = 825 meters (about 
one-half mile). 
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power density decrease with distance called path- 
loss or free-space attenuation, absorption due to 
molecules in the earth's atmosphere, and signal 
fading phenomena that Is terrain- and weather- 
dependent. 


Free-Space Attenuation and 
Aimospheric Absorption 


Equation 15—9 shows that for a given antenna the 
received power density is inversely proportional to 
the square of distance (d*) between the transmitter 
and receiver antennas. Also, since the cross-sec- 
tional dimensions of an antenna are proportional to 
wavelength, A, the effective area is proportional to 
\*. From equation 15-10, P. = ®n, the received 
power Is proportional to antenna area. The trans- 
mitted signal frequency is f = v,/A, so the re- 
ceived power will be inversely proportional to f? 
due to antenna dimensions. 

Combining these results we find that the 
transmission system loss, called the space atten- 
uation power loss in free space, is 


Le fa? (15-29) 
which in dB is approximately 
L{dB) = 37 dB + 20 log fim, 
+ 20 log d,, (15-30A) 
or = 32.4 dB + 20 log fi, 
+ 20 log G.. (15-30B) 


where the constant of proportionality is approxi- 
mately 37 dB when the value for f is in MHz and 
d is in miles. (If d is in kilometers, replace 37 dB 
with 32.4 dB.) 

The earth’s atmosphere accounts for power 
loss due to absorption by electrons, uncondensed 
water vapor, and molecules of various gases, most 
noticeably oxygen. Absorption has a sharp peak 
around 60 GHz for oxygen, and around 21.GHz for 
water vapors. Free electrons in the atmosphere 
cause increasing losses for lower frequencies. 
Graphs such as Figure 15-29 allow the system de- 
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FIGURE 15-29 Atmospheric power loss. 


signer to choose transmission frequencies in the 
‘windows’ between high-absorption regions. 


Fading and Fade Margin 


All radio links in general and terrestrial (earth) links 
in particular require the inclusion of some gain mar- 
gin (excess gain) in the system gain budget to ac- 
count for path losses that vary over time. These 
gain variations, called fades, are caused by rainfall 
and other short-term as well as long-term propa- 
gation disturbances. 

For satellite systems, fading is due principally 
to heavy rainfall, and in some regions 6 aB of ex- 
cess system gain is included as a fade margin for 
systems below 10 GHz. In the case of terrestrial 
links, it has been found that certain types of terrain 
and climatic conditions such as dry, windy, moun- 
tainous areas are less subject to deep fades than 
are hot, still, or humid, flat terrain conditions. Since 


PROBLEMS 


the primary mechanism in fading seems to be mul- 
tipath, the above suggests that the route to choose 
is one that generally mixes up or randomizes the 
physiographic conditions on a long-term basis. 

For terrestrial links, the actual amount of fade 
margin to include in the system gain calculation for 
a propagation reliability specified by the user can 
be determined by a number of different methods 
without making actual field measurements over a 
long period of time. The simplest method is to as- 
sume that the random fading over time follows a 
Rayleigh type of distribution. Then Table 15—1 may 
be used for determining an appropriate fade 
margin. | 
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TABLE 15-1 Fade margin for various 
reliability objectives for terrestrial links. 
6 dB maximum will cover most satellite 
links under 10 GHz; interpolate for other 
values. 


Single-hop propagation _ Fade margin 


reliability (%) (dB) 








Problems 


1. The force between two electrically charged 
particles in empty space will double if the dis- 
tance between the particles is 


2. The force between two ideal magnetic poles 
is Inversely proportional to distance between 
them; true or false? Why? 


3. Determine the magnetic field strength two 
meters from a very long current filament car- 
rying 100 mA dc. 

4. Under ideal conditions a radio signal is 
bounced off our moon. If the round trip time 
from the earth antenna is measured at 1/ 
seconds, what would be the distance be- 
tween the earth and moon? | 


5. A dipole antenna is used to receive a horizon- 
tally polarized transmission. Should the an- 
tenna be mounted vertically or horizontally for 
best reception? 

6. Determine the exact length of a typical dipole 
antenna to receive a 108-MHz FM trans- 
mission. 

7. a. If the distance between a transmitter and 

receiver is doubled, by how much will the 


electric field strength change at the 
receiver ? 
b. What is the effect on received power? 
8. If a receiver could use an ideal isotropic an- 
tenna, it would receive —40 dBm. How 
much could be received if an ideal half-wave 
dipole were used? 


9. Sketch radiation patterns for Hertz and Mar- 
coni antennas. 
10. The input current to a well-designed Marconi 
antenna is 10 amps rms. 
a. Determine the input power. 
b. What is the theoretical current at the 
upper tip of the antenna? 


11. Why is a counterpoise system often used 
with a Marconi antenna? 

12. As an FM antenna, what is the main advan- 
tage of a folded-dipole over an ordinary 


dipole? 

13. Sketch a turnstile antenna and its radiation 
pattern. 

14. An antenna pattern is shown in Figure 15-30. 
Determine: 


a. Beamwidth. 
b. Front-to-back ratio (in dB). 


15. 


16; 


bes 





FIGURE 15-30 


c. Is this pattern most likely for a dipole, 
omni, or Yagi? 

Determine the lengths for the reflector and 

director elements used in a 6O-MHz Yagi tele- 

vision antenna if the active element is exactly 

a half-wavelength long. 


a. Why would a log-periodic antenna be a 
much better choice for TV reception than 
a six-element Yagi? 

b. Where would the Yagi 
advantage? 


have the 


a. Determine the diameter required for a 
parabolic reflector if the directive power 
gain of a 2-GHz antenna is to be 30 dB. 


b. What will be the half-oower beamwidth? 


. An X-band (10-GHz) dish antenna must have 


a 1° beamwidth. 

a. VVhat must be the parabolic diameter? 

b. If 55 percent efficient, what will be the 
antenna gain? 


. What will be the propagation velocity of an 


20. 


Zi 


Dit 


23. 


24. 
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electromagnetic wave in a dielectric with rel- 
ative dielectric constant of 1.22? 


An RF signal in space enters a dielectric ma- 
terial with an index of refraction of 1.5. The 
entrance angle is 30° with respect to the in- 
terface. Determine the angle of refraction 
with respect to the normal to the interface. 
a. VWhat phenomenon makes it possible for 
RF energy to be received even behind 
obstacles. 
b. What basic principle is involved? 


How high must a receiving antenna be to re- 
ceive a signal directly from an over-the-hori- 
zon transmitter whose antenna is 30 feet 
high? The distance between antennas is 15 
miles. 


a. What causes ghosts on a_ television 
screen? 

b. A ghost is displaced 1 inch on a 13-inch 
diagonal TV screen. Determine: (1) the 
time between signal receptions, and (2) 
the difference in path lengths. 


A satellite has a 4-GHz, 10-W, solid-state 
transmitter and a microwave dish antenna 
with 30 dB of gain. The earth receiving an- 
tenna Is 25,000 miles away and has a diam- 
eter 56 times greater than the satellite an- 
tenna. The earth receiver has an noise figure 
of 6 dB and bandwidth of 20 MHz. 
Determine: 

a. The satellite effective radiated power 
(EIRP) in dBm. 

Space attenuation. 

The gain of receiving antenna. 

Signal power into the earth receiver. 
Signal-to-noise power ratio, S/N (dB), at 
the receiver IF output. 


Pop 
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Introduction 


Many of the fundamentals of information process- 
ing and transmission using electronic circuits have 
been presented in previous chapters. One com- 
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munication system to which we have all been ex- 
posed—television— incorporates elements from all 
we have studied. Although a one-chapter discus- 
sion of television is necessarily an incomplete cov- 
erage of a vast subject, we can present some of 
the unique features of TV systems and circuits. 
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OVERVIEW: STUDIO TO VIEWER 








An overall view of a typical television link is illus- 
trated in Figure 16-1. A studio site is usually lo- 
cated in an easily accessible location for program- 
ming and production. Here the visible scene is 
transformed into a video signal, and the audible 
voice and other sound is transformed into an audio 
signal. 

A microwave studio-to-transmitter link (STL) 
relays the information signals to a transmitter site 
where they are demodulated and prepared for 
broadcast. The broadcast site is usually in a remote 
elevated location for direct high-power VHF or UHF 
broadcast transmission to viewers. The TV receiv- 
ing antenna, transmission line, and receiver cir- 
cultry provide the audio and video electrical signals 
for reproducing the sound and picture information 









by means of transducers, a speaker for audio and 
a picture tube or flat-screen monitor for video. 
Television is in an exciting evolutionary stage. 
Direct satellite microwave broadcast is already a 
reality. Stereo sound and more than one picture 
displayed on the screen, both of which have ex- 
isted in Europe for years, have come to the US. TV 
receivers with digital video processing provide the 
storage and signal processing needed for simulta- 
neous multiple picture display and other features. 
Indeed, digital processing of sound, video, and 
special visibly displayed characters will make it 
possible to receive and decode direct satellite 
transmissions even from other countries with in- 
compatible scanning techniques* and languages. 


a a ee 

*The three major TV system standards are the NTSC 
(National Television System Committee) in North America 
and Japan, Secam in France, and PAL in the rest of the 
world. 


VHF & UHF 
broadcast 


Studio-to- 
transmitter Transmitter j 
link electronics fF 
Studio 
FIGURE 16-1 Television link 


TV CAMERAS 


The next stage of development is high-definition 
(high-resolution) television (HDTV), and when 
bandwidth compression techniques are practical, 
all digitally encoded TV transmission will be com- 
mon place. 
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FREQUENCY ALLOCATIONS 





The NTSC standard approved by the FCC in the 
early 1940s included the basic formats for picture 
scanning, black-and-white (luminance) AM video, 
FM sound, channel frequency allocations, and 
other details of transmission. 

The approved channel frequency assignments 
are outlined in Table 16-1. All channels (stations) 
are allocated 6 MHz of bandwidth. The channels in 
the VHF band start at 54 MHz with channel 2 and 
end at 216 MHz in channel 13 (well within the 30 — 
300-MHz spectrum segment defining VHF). The 
break in the VHF channel assignments between 
channels 6 and 7 is the segment given to FM and 
some other users while the television industry was 
trying to agree on what they wanted. The UHF 
segment of the frequency spectrum is an uninter- 
rupted band from 470 MHz (low. end of channel 
14) to 890 MHz (high end of channel 83). 


TABLE 16-1 NTSC frequency assignments 
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The FCC standard allows for a video carrier 
placed 1.25 MHz above the low end of the 6-MHz 
allocated bandwidth and an audio carrier placed 
4.5 MHz above the video carrier. The video signal 
amplitude-modulates the picture carrier and is fil- 
tered to eliminate most of the lower sideband. Only 
a 0.75-MHz “‘vestige’’ of the lower sideband re- 
mains. This vestigial sideband (VSB) AM technique 
is used to conserve bandwidth and minimize the 
low-frequency phase distortion and receiver com- 
plexity that would result if true single-sideband sup- 
pressed-carrier were used. The 4.2-MhHz band- 
width required to provide sharp pictures would 
otherwise have required 8.4 MHz of transmission 
bandwidth even before the sound signal was in- 
cluded. Figure 16-2 shows the transmission spec- 
trum as defined in the FCC standard and the spe- 
cific frequencies used by channel 2. 
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TV CAMERAS 








A TV camera is a transducer for changing the light 
energy from a visible image (scene) to a continuous 
electrical signal. There are many names for these 
cameras: Vidicon, Image Orthicon, Plumbicon, Sa- 
ticon, Vistacon, Leddicon, etc. Most are proprie- 


UHF 


Channel 
number 


14-83 


Channel 


number Assigned bandwidth 


470-890 MHz in 6-MHz 
bandwidth increments 


(channels 70-83 are now allocated 
for land mobile service. Old 
licenses are renewable.) 


Assigned bandwidth 


54—60 (MHz) 

60-66 

66-—/2 

76-82 
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M and others 88-174 
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tary improvements on the Vidicon and the old 
Image Orthicon vacuum tubes. Both of these cam- 
era tubes include an electron gun that produces a 
steady, well-focused stream (beam) of electrons 
that strike a target where the scene image has 
been projected by the camera lens system. The 
electron beam is electromagnetically deflected 
from left to right and top to bottom as it scans, in 
a sequence of horizontal lines, the image on the 
target. One complete scanning (or reading) of the 
image from top to bottom provides a field. (Be- 
cause of the image inversion through the lens, the 
actual scanning in the camera is left to right, bot- 
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Audio 
Carrier 





Frequency 
relative to 
6 MHz allocation 


Actual frequencies 


60 (MHz) for channel 2 


tom to top.) More details on the scanning process 
will follow. 

The light-to-electrical image process for the 
vidicon tube is provided by a photoconductive (or 
photoresistive) material applied to one side of the 
optically transparent metal target. The metal target 
is attached to the inside of the vidicon glass tube 
faceplate with the photoconductive material on the 
electrically scanned side of the target. Light from 
the scene is projected onto the photoconductive 
material in proportion to the light intensity at each 
point of the projected image. The complete current 
path is shown in Figure 16-3. As the electron 
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FIGURE 16-3  Vidicon 
camera tube. 
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THE SCAN RASTER AND SYNCHRONIZING SIGNALS 


beam scans the target image, the total current / 
varies with the resistance of the photoconductive 
material, and the video signal voltage is produced 
across the fixed resistor A. 

The Vidicon is used in applications where high 
lignt levels can be maintained because it Is rela- 
tively insensitive. However, the simplicity and low 
cost of the Vidicon make it attractive for many 
applications. 

The Image Orthicon uses a photoemissive 
material that reproduces the image in an electrical 
charge on the target. The scanning electron beam 
impinges on the target, and the electrons that are 
not absorbed by the target at a particular point are 
accelerated back to the rear of the tube into a 
multistage electron multiplier-amplifier. The instan- 
taneous output current is directly proportional to 
the light intensity at the particular point in the 
scene. Each horizontal scanning sweep produces 
the video signal for one of the 525 lines that make 
up each frame. 

Three tubes are usually used in a color cam- 
era. A red, green, or blue lens is placed in front of 
each tube, and the electrical output signals provide 
the color information by the relative proportions of 
these three basic colors. Color and the color signal 

‘are discussed in a later section. 
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THE SCAN RASTER AND 
SYNCHRONIZING SIGNALS 





The relative intensity of the visual image is electri- 
cally recorded line by line in the scanning process 
much the same as reading this page. As the con- 
tinous electrical signal representing one horizontal 
line of the scene is completed, the signal is blanked 
(darkened) during the quick retrace to begin the 
next line. 

In order to avoid the “‘flicker’’ (fast-flashing) 
effect reminiscent of old-time movies, an interlace 
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ye Start of second field 


| 


FIGURE 16-4 Scan raster. Line 1 of the first field 
starts at upper left corner of picture tube. 


technique is used along with a scanning rate that 
is fast enough for our persistence of vision to in- 
tegrate the frames into a smoothly changing pic- 
ture. Figure 16-4 illustrates the interlaced scanning 
technique. The entire scene is scanned once from 
top to bottom using 262% 2 horizontal lines (the 
solid lines in the figure); this produces one picture 
field. After the vertical retrace, blanked so that no 
streaks are seen by the viewer, the second field is 
started at the upper center of the picture. The in- 
terlaced lines of the second field (dashed) fall be- 
tween those of the first field. The two fields con- 
stitute one complete frame with 525 lines. (In most 
of Europe, 625 lines per frame and 25 frames/sec 
are used.) The picture sweep pattern of Figure 16— 
4 is referred to as the scan raster. The individual 
lines of the raster are easily seen on a large-screen 
home TV set, especially when no picture is being 
received. 

In the U.S., each field takes approximately 0 
second, and the two fields produce one frame (a 
frame rate of ~30 frames/sec). Since there are 
525 horizontal lines/frame, the horizontal line 
sweep rate is (525 lines/frame) X (29.97 frames/ 
sec) = 15,734.25 lines/sec. Of the 63.5 msec- 
onds/line, only 53 pseconds are visible because 
10.5 puseconds are taken for the (blanked) retrace 
(also called flyback). During the time between the 
end of one line and the beginning of the next, the 
scanning system generates a short horizontal sync 
pulse that is transmitted so that the TV receiver 
can synchronize with the transmitting station. 
When the transmitted signal includes color (chrom- 
inance), an additional synchronizing signal called 
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the color burst is transmitted during the horizontal 
retrace time. (Color transmissions are covered 
later.) 

Figure 16—5 shows the last lines of the com- 
posite video signal for a black-and-white transmis- 
sion. Note that a high voltage corresponds to a 
dark portion of the scene. The last few horizontal 
lines of the picture are followed by the beginning 
of the vertical retrace period, called the vertical 
blanking interval. The vertical retrace takes about 
1¥%3 ms, meaning that 21 horizontal lines cannot be 
displayed during the vertical blanking interval. This 
time is now being used for transmitting reference 
(VIR) and test (VITS) signals, as well as special dis- 
played information such as teletext and speech 
text closed-captions. 

The voltage level, called black setup, estab- 
lished for a black part of the scene is set for 65— 
70 percent of the sync tip level (maximum allow- 
able voltage, see Figure 16—5). Hence the blanking 
level pedestal, at 75 percent, will most definitely 
cut off the electron beam of the TV receiver during 
horizontal and vertical retrace. The vertical (and 
horizontal) synchronizing pulses would be blacker 
than black and can only be seen on a home TV by 
adjusting the vertical sync control to roll the verti- 
cal blanked interval down on-screen after increas- 
ing the brightness and decreasing the contrast (that 
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is, wash out the picture). The white reference level 
is 10-15 percent of maximum and is shown in Fig- 
ure 16—5 as 12.5 percent. 
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VIDEO BANDWIDTH AND 
RESOLUTION 








The two narrow table legs at the right of the scene 
in Figure 16—5 will be clearly distinguishable only if 
the signal reaching the TV receiver picture tube 
(cathode-ray tube, CRT) can change fast enough. 
This means that the video signal and system band- 
width, especially the receiver video amplifier band- 
width, limits the picture resolution. 

The FCC limit on video bandwidth is 4.2 
MHz, meaning that the fastest on-off cycle varia- 
tion in the picture cannot exceed about 0.24 
usec. This limits the picture resolution to a 
little over 100,000 resolvable light cycles or 
200,000 discrete — black-and-white _ picture 
elements. Example 16—1 illustrates how this is 
determined. 


BLACK-AND-WHITE TV RECEIVERS 


EXAMPLE 16-1 


A451 


Determine the theoretical number of distinguishable picture elements for an 


FCC standard TV transmission. 


Solution: 


(53 us/picture line)/(0.24 ps/black-white cycle) = 221 light cycles/line, or 
442 individual picture elements/line. Each frame (two fields interlaced) con- 
tains 525 lines of which 2 X 21 = 42 are blanked during the two vertical 
retraces. Hence, 442 elements/line X (525 — 42) lines = 213,486 picture 
elements. So that there are not any dark edges or corner areas on the viewing 
screen, some of the picture elements occur off-screen. 
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TRANSMITTED VIDEO AND AUDIO 
SIGNALS 





The black-and-white (B&W) video signal of Figure 
16-5 is amplitude-modulated on the picture carrier 
and filtered for VSB transmission. Transmitter 
power is saved by using the negative transmission 
format (white = low voltage) because most 
scenes are light and relatively few are dark (night 
scenes). The maximum EIRP licensed by the FCC 
is 500 KW for UHF and 100 kW for channels at 
the low end of the VHF band. Typical VHF trans- 
mitters operate in the 15-25 kW peak envelope 
power (PEP) range, and the antennas have 5-15 
dB of gain over isotropic. 

The audio bandwidth is 50 Hz—15 kHz. The 
audio is frequency-modulated on a completely sep- 
arate sound carrier using 75 us preemphasis. Full 
deviation for the FM sound is +25 kHz, making it 
one-third that of FM radio. The FM sound signal is 
added to the VSB-AM video signal before the an- 
tenna by the use of a diplexer, a combination of 
separate filters and quarter-wave transformer 
transmission lines. The radiated audio FM signal ts 


supposed to be maintained between 10 percent 





minimum and 20 percent maximum of the peak 
video transmitter power. Carrier frequencies are to 
be within + 1 kHz of the nominal values (see “Fre- 
quency Allocations’’). 
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BLACK-AND-WHITE TV 
RECEIVERS 








Tuner, IFs, and Detectors 


Figure 16-6 shows a basic receiver block diagram. 
The VHF tuner consists of input filters, an RF am- 
plifier, an active mixer, and a local oscillator. Var- 
actor-diode tuners are common, and many tuners 
use phase-locked synthesized LOs similar to that 
diagrammed in Figure 16—/. 

The received signal is down-converted to an 
IF, called the video IF, centered near 44 MHz. The 
UHEF tuner consists only of a two-pole cavity filter, 
a diode mixer, and an LO, also housed in a tuned 
cavity. When switched to a UHF channel, the VHF 
LO is disabled and the RF amp and the input to the 
transistor mixer stage are tuned to provide addi- 
tional IF amplification. 
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FIGURE 16-6 Black-and-white television receiver block diagram. 
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Like most AM superheterodyne receivers, the 
IF provides most of the gain, selectivity, and gain 
control for linearity. Figure 16-8 shows a typical 
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FIGURE 16-8 _ Video /F passband. 


video IF bandwidth. The low gain for the sound 
carrier is made up in the sound IF. The 50-percent 
amplitude points coincide with the color and pic- 
ture carriers to compensate for vestigial sideband 
transmission. Video signals within +0.75 MHz of 
the picture carrier have a full AM modulation index 
because both sidebands are transmitted; however, 
the higher-frequency video signals have only one- 
half the index. The IF bandpass compensates by 
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deemphasizing the low frequencies (those close to 
the picture carrier). 

To achieve the desired bandwidth and selec- 
tivity, either stagger tuning and high-Q wavetraps 
are used or the IF is made broadband and a surface 
acoustic wave (SAVV) filter is used. 

The video detector is a peak AM detector for 
demodulating the VSB AM signal. This AM detec- 
tor does not produce the AGC voltage because 
most TV receivers use a gated-AGC technique. 
However, in B&W receivers, this detector is used 
as a second mixer for down-converting the sound 
carrier from its first IF frequency (41.25 MHz) to a 
4.5-MHz sound IF. The LO signal for this second 
conversion is the video IF carrier of 45.75 MHz 
that is, by specification, precisely 4.5 MHz from 
the sound carrier. This arrangement is referred to 
as intercarrier sound. The sound IF, detector, and 
audio preamp are usually contained in a single IC 
chip. The detector is typically either a quadrature 
FM detector (see chapter. 9) or a phase-locked 
loop. | : 

Many color sets use a separate wideband de- 
tector for the sound IF conversion so that wave- 
traps (high-Q resonant circuits) can eliminate the 
sound carrier from the video detector. This helps 
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to eliminate a 920-kHz beat frequency interference 
between the 4.5-MHz signal and 3.58-MHz color 
subcarriers. This interference results in a herring- 
bone pattern or voice-related jitter in the picture. 


Gated AGC 


The video IF signal will have the format shown in 
the schematic of Figure 16-6 for B&W transmis- 
sion. Since the video information varies from line 
to line, the average value of the signal varies and 
an averaging detector Is inappropriate for TV AGC. 
A peak detector would, however, have too long of 
a time constant. This is especially troublesome 
when rapidly changing multipath effects from pass- 
ing aircraft cause the picture to flutter. 

Gated or keyed AGC is able to overcome 
these problems and provide a relatively fast-acting, 
low-noise AGC response. This is accomplished by 
sampling the demodulated composite video signal 
only when the horizontal sync pulse tips are pres- 
ent. The sync tips are transmitted at a constant 
100-percent video level and are used to establish 
an appropriate IF gain. Also, the maximum peak 
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envelope power Is transmitted during sync pulses, 
and therefore the optimum S/N occurs during the 
AGC sampling instants. 

Figure 16-9 shows a typical gated-AGC cir- 
cuit and controlled IF amplifier. The composite 
video input is shown with a noise impulse during a 
video line. Pulses from the receiver's horizontal 
sweep oscillator supply the PNP transistor with an 
appropriate negative collector bias voltage, but 
only during the time when video sync pulses are 
present. Consequently the AGC gate is cut off ex- 
cept. during sync pulse tips, and the noise pulse 
shown has no effect on the AGC line. The AGC 
capacitor Crag. smooths the gate current Ig. and 
provides the automatic gain control of IF amplifier 
O?. 


Video Amplifiers and CRT Bias 


Figure 16—10 shows typical TV video amplifier and 
picture tube bias circuitry. Q1 is part of an emitter- 
follower current (and power) amplifier whose main 
purpose is to provide high impedance to the video 
detector and have low enough output impedance 
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FIGURE 16-9 _ Video IF amplifier bias and gated AGC. 
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FIGURE 16-10 Typical video amplifier section. 


to drive four circuits—the sync separator, AGC 
system, color system (or sound IF in B&W sets), 
and, of course, the video system voltage amplifier. 

The common-emitter amplifier with Q2 pro- 
vides up to 35 dB of voltage gain. The gain control 
potentiometer A1 sets the peak-to-peak video sig- 
nal at the cathode of the cathode ray tube (CRT) 
to 50 volts or more. Very low peak-to-peak signal 
voltage gives low contrast in the picture (washed- 
out picture), whereas large peak-to-peak signals 
can result in too much contrast, extreme black and 
white areas but no grays. The CRT average bright- 
ness level is set by potentiometer A2 that varies 
the CRT beam bias current. 

The B&W CRT is a vacuum tube with BT = 
9—15 kV bias on an anode consisting of a conduc- 
tive layer of graphite material coating the inside of 
the tube near the flat-front picture screen. The in- 
side surface of the screen is coated with a special 
mixture of phosphors that emit white light after 
electrons with high kinetic energy from the beam 
have raised electrons in the phosphor atoms to 
high potential-energy states. A photon of light Is 
released during the excited-state—to—normal-state 
transition. 

As shown in Figure 16—10, the cathode has 
a much lower positive bias voltage, about 25 volts, 


so that the electron beam accelerating potential is 
essentially full BY. 

Two input points are shown for beam blank- 
ing. Positive pulses from the horizontal output 
transformer are fed to the emitter of Q2. When 
present, a pulse will reverse-bias Q2, thereby al- 
lowing the collector voltage to rise to full V,,. This 
positive pulse, coupled to the cathode of the CRT, 
will completely cut off the electron beam during 
horizontal retrace. Vertical retrace blanking is ac- 
complished by coupling a negative pulse to the 
CRT control grid from the vertical sweep circuit 
output. 

If the full 4.2-MHz video bandwidth is to be 
amplified, the shunt circuit capacitance in the col- 
lector-to-CRT path must be compensated at high 
frequencies. Series inductance L, is chosen to re- 
sonate with the shunt capacitance of the CRT to 
peak up the amplifier response near 3 MHz. This is 
referred to as series peaking. The 1-k resistor in 
series with the CRT cathode insures that the res- 
onant Q is low enough to extend the bandwidth 
almost an octave from about 2.5 MHz to 4 MHz. 
Typically L, is wound on a resistor such as the 
220 Q shown in Figure 16-10. This swamps (d- 
Qs) the inductance to prevent ringing. 

A similar peaking technique can be provided 
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by L, in series with the collector resistor R,. This 
inductor is chosen to parallel-resonate the circuit 
shunt capacitance at about 3 MHz. Shunt peaking, 
as it Is called, can increase the upper end of the 
frequency response by almost an octave. 


Sync Separator 


The sync separator circuit receives the composite 
video signal and must strip away the video infor- 
mation, then separate horizontal from vertical sync 
pulses. 

Figure 16—11 shows the basic sync separator 
circuit. With no base bias resistor, Q1 is off except 
during the most positive peaks of the composite 
video signal. During these horizontal and vertical 
sync pulses, the base-emitter junction is forward- 
biased, coupling-capacitor C charges with the po- 
larity shown, and the collector voltage drops to 
nearly zero. Between the pulse peaks, C, remains 
negatively charged to cut off Q1, although there is 
a slight discharge through RA. 

The high-frequency horizontal and vertical 
sync pulses are separated by the RC high-pass 
(HPF) and low-pass filter (LPF) networks, as shown 
in Figure 16-11. The LPF integrates the pulses, 
and only the long vertical pulses add up to enough 
charge on C; to produce a vertical sync signal. The 
HPF differentiates the pulses and only the pulse 


FIGURE 16-11 
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edges produce output for horizontal syn- 
chronization. 


Vertical Deflection and Sync 


The picture screen of the TV receiver lights up 
when the electron beam is swept horizontally at 
15,734 lines/second and vertically downward at 
nearly 30 fields (60 frames)/second. The sweep 
system that produces this raster, described in the 
section on “TV Cameras,’’ consists of the vertical 
and horizontal oscillators, driver amplifiers, and 
output power amplifiers that provide the current 
for the electromagnetic coils in the yoke assembly 
around the neck of the CRT. The electromagnetic 
fields deflect the electron beam of current hea, that 
averages approximately 1 mA. The deflection coil 
currents are a couple orders of magnitude greater. 
The vertical deflection (sweep) oscillator is 
typically an astable multivibrator (see chapter 2). 
The sync pulses are added to the capacitor-charg- 
ing voltages such that the on-set of conduction is 
altered, thereby forcing the oscillator period to syn- 
chronize with the TV station’s vertical scan rate. 
A transformer-less, push-pull, vertical deflec- 
tion, power amplifier is shown in Figure 16—12. 
This circuit, including the bootstrapping capacitor 
C,, was discussed in chapter 7. Here it must supply 
deflection coil L with a linear current ramp reaching 
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nearly 1 ampere. Since the voltage across an in- 
ductor is directly proportional to the derivative of 
current (equation 1-1), in order for the current to 
be a ramp, the applied voltage waveform V,(t ) 
would have to be rectangular. Furthermore, any 
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circuit resistance, such as the 16 Q in Figure 16— 
12, whose voltage is directly proportional to cur- 
rent will require an additional modification in V,(t ). 
These fundamental design relationships are illus- 
trated with an example. 


Figure 16—13A shows an ideal deflection current waveform that rises from O 
to 600 mA in approximately 15 ms and returns to zero in approximately 2 


Determine the value of L for the deflection coil if the voltage drop across 
the ideal inductor is a constant 2.4 volts during the 15 ms trace period. 


Determine the voltage drop across L during the 2 ms retrace. 


Sketch accurately the applied V(t) for the circuit that includes 16 Q of 
equivalent series resistance. 


Solution: 


1. L = (V)(dt/di). Since the current slope is a constant, A/At = 
(600 mA — 0)/15 ms = 40 A/sec, then L = 2.4/40 = 60 mH. 





458 


/ (Amps) 





CHAPTER 16: BASIC TELEVISION 


Deflection 
current 


t (millisec) 
0 15 17 
Vi 
2.4 
0 t 
B. Retrace 
V(t) 
12 
2.4 a t 
by ‘ 
—18 
C. 


FIGURE 16-13 Vertical deflection coil waveforms. 


Assuming the current slope is constant as shown, A/At = 
(0 — 600 mA)/2 ms = —300 A/sec. Then the voltage drop across L 
during retrace will be a constant V, = LA/At =(60 mH) xX 
(—300 'A/sec) = — 18 volts. 

The voltage drop across the 16 Q is V, = iA. Hence, from the current 
waveform, Vt = O) = 0-16 Q = O, V,t = 15 ms) = 600 mA: 
16 Q = 9.6 volts. Also Vt = 17 ms) = O. Since V,(t) = V,(t) + 
V(t), then the result as seen in Figure 16—13 will be linear between the 
following four points: V(t = O) = 24 + O = 24 volts, V(t = 15 
ms’) = 24+ 96 = 12 volts, V(t = 15ms*) = —18 +96 = 
—8.4 volts, and V(t = 17 ms) = —18 — 0 = —18 volts. The result 
is the trapezoidal deflection voltage sketched in Figure 16—13C. 


As indicated in Figure 16—12, the output volt- 
age Vt) is fed back to the driver amplifier. This 
stage usually includes a relatively low-value cou- 
pling capacitor in the feedback path and a poten- 


tiometer that allows for vertical linearity adjust- 
ments. Also, the vertical picture height can be 
adjusted by varying the gain of the oscillator or 
driver. 


BLACK-AND-WHITE TV RECEIVERS 


Horizontal Deflection and CRT High 
Voltage 


The horizontal deflection (sweep) signal is derived 
from the horizontal oscillator and driver. The de- 
flection current and anode voltage for the picture 
CRT are taken from the flyback transformer of a 
transformer-coupled power amplifier. A simplified 
version of the horizontal output stage is shown in 
Figure 16-14. 

Transistor Q1 is a power transistor with a 
heatsink indicated by the dashed line. Q1 performs 
the function of a switch, and is on for less than 
one-half of the 63.5-us horizontal sweep period. 
R1 and C1 provide for Class-C bias to help hold 
Q1 off. D1 Is the damper diode that dampens ring- 
ing that would be visible as vertical bars of intensity 
on the picture screen when no picture is present. 
D1 conducts and provides a current path for /, dur- 
ing this first half of the horizontal trace. Inductance 
L1 represents the CRT horizontal deflection coll. 
Transformer 72 is the horizontal output trans- 
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former (HOT), also called the flyback, and C reson- 
ates the entire output circuit at 50-70 kHz to pro- 
vide for a half-cycle high-voltage pulse for retrace. 
This retrace pulse is stepped up to around 10 kV, 
rectified and filtered for the picture tube anode BT 
voltage. 

Derivation of the horizontal sweep current /, 
is explained with the help of Figure 16—15. Switch 
S, the collector-emitter of Q1, shorts due to a pos- 
itive base voltage, and /, builds up from zero to a 
maximum, at which point S opens to begin the re- 
trace. The CRT electron beam is then on the ex- 
treme right side of the picture tube. With an open- 
circuited S, the peak current of /, flows into C, 
forming an underdamped 50-kHz LC-tuned circuit, 
so that approximately one-half cycle of this ringing 
current brings /, to a negative peak as shown; and 
the scanning beam has retraced to the extreme left 
side of the CRT. | 

Figure 16—15B shows that the voltage from 
collector to ground across Q1 makes approxi- 
mately a one-half cycle positive pulse during re- 
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FIGURE 16-14 Horizontal power output amplifier and transformer. 
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trace when the transistor is not a short. As V, goes 
negative, however, D1 forward-biases and be- 
comes a short across L so that /, can discharge 
“slowly” without ringing, thereby providing the 
ramp current for the left-hand half of the horizontal 
sweep. Transistor Q1 then conducts to complete 
the horizontal line trace. 

If the peak of the collector voltage reaches, 
for example, 667 volts, then the high-voltage fly- 
back transformer winding only needs a 15:1 turns- 
ratio to provide 10 kV for the CRT anode. Note that 
the CRT bias power is not as awesome as might 
be anticipated because the average beam current 
is less than 1 mA so that the power requirement 
is less than 10 Watts for black-and-white TV. Also, 
although not shown in Figure 16—14, the horizontal 
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output transformer has other secondary windings 
to provide horizontal pulses for video blanking, 
AGC gating, color TV burst gating, low-voltage rec- 
tifiers for receiver power, and feedback (as shown) 
to provide a signal for horizontal oscillator synchro- 
nization by means of the phase-locked loop AFC 
circult. 


Phase-Locked Horizontal Sync 


The type of system used for frequency control of 
the horizontal deflection oscillator is a phase- 
locked loop (PLL). Although the phase detector cir- 
cult Is commonly labeled AFC, the horizontal syn- 
chronizing system is not the Crosby AFC system 
Studied in chapter 9. The Crosby AFC technique is 
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a frequency-sensed negative-feedback system, and 
a small steady-state frequency error always exists 
to produce the correction signal. The PLL, on the 
other hand, is a phase-sampled negative-feedback 
system and, while a small static phase error exists 
to produce phase corrections, the steady-state fre- 
quency is exactly that of the reference horizontal 
sync signal from the video sync pulses. 

Another reason for using this system, rather 
than the bias-point sync technique of the vertical 
system is that the input filter is a sync separator 
high-pass network which passes much more noise 
than the vertical system low-pass input. The PLL 
loop bandwidth is made narrow, however, so that 
the noise ultimately has little effect. The result is 
often likened to a flywheel effect. 

A typical horizontal phase-frequency control 
circuit diagram for television is shown in Figure 16— 
16, and the block diagram is shown in Figure 16— 
17. R,, C;, and the phase-detector input resistance 
form the high-pass filter for the sync separator. 
The horizontal sync pulses are very narrow and 
negative-going in order to switch diodes D1 and 
D2 of the phase detector circult. 

The VCO input from the horizontal output 
transformer (HOT, or flyback) are pulses that are 
integrated by A3;C; to produce the (dual-slope) 
ramp seen in Figure 16—17A and B. The steep part 
of the ramp is sampled by the switching of D1 and 
D2. \f the VCO ramp and the horizontal sync 
pulses occur as shown in Figure 16—17A, then the 
average (dc) value of V, will be zero. If, however, 
the VCO phase is delayed in time as illustrated in 
Figure 16-17B, then the average value of the 
phase-detector output voltage V, will be positive. 
After filtering out all of the switching signals by the 
loop filter and PLL compensation network (A4, 
R5, and C5), the positive de voltage is used by the 
frequency- and phase-controller circuit to correct 
the phase of the VCO. The amount of residual 
phase error remaining depends upon loop gain K;,, 
and the difference between the video sync pulse 
frequency and the free-running (unlocked-loop) fre- 
quency of the horizontal voltage-controlled oscilla- 
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tor. The relationship, from chapter 10, is 6, = 
Af/k,. The loop compensation network prevents 
overshoot and ringing that results in a symptom 
called piecrusting. | 

Techniques used in frequency- and phase- 
controller circuits vary among manufacturers. The 
most popular circuit in vacuum-tube sets was the 
reactance tube. A solid-state version, the reac- 
tance modulator, is discussed in chapter 9. A dif- 
ferent technique, shown in Figure 16—16, is from 
an RCA color TV receiver. Q1 acts as a voltage- 
variable resistance to control the effective amount 
by which C7 shunts the VCO resonant tank (C8 
and L1). D3 clips the negative-going part of the 
VCO sinusoid and provides a rectified 5 V dc for 
Q1 collector bias. A couple of KHz of frequency 
range may be achieved by this circuit. If the VCO 
drifts outside this range before the PLL acquires 
horizontal sync, then the horizontal hold control L1 
must be retuned. 


16-38 
COLOR TELEVISION 


The color that is seen on the screen of typical TV 
sets is emitted from special phosphors. Most of 
the phosphor compounds used are the same as 
those mixed together for black-and-white cathode- 
ray picture tubes. However, for the color CRT, 
three separate phosphors are placed on the 
screen—one emits red, one emits green, and the 
third emits blue light when struck by electrons. The 


three phosphors are kept separate but arranged 


very close to each other either in alternating verti- 
cal stripes or as tiny dots in a tight matrix of delta 
(A) patterns. These arrangements, along with the 
three separate electron beams and a shadow 
mask, are illustrated in Figure 16-18. 

The shadow mask is actually very close to the 
screen and is used to insure that only the three 
color phosphors that form a single picture element 
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FIGURE 16-16 Horizontal phase-locked loop circuitry. 
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FIGURE 16-17 Horizontal PLL block diagram. — 
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are struck by electrons at a given instant. This is 
important because the relative amounts of red, 
green, and blue light emitted determine the hue 
(color) perceived by the viewer. 

The Venn diagram of Figure 16-19 gives a 
gross breakdown of some of the colors produced 
by different combinations of red, green, and blue 
light. For example, the center of the diagram 
marked W indicates that all three of the primary 
colors —red, green, and blue—must be emitted in 
order for white to be perceived. 

If the blue gun* fails, then a true white cannot 
be produced, and the normally white parts of the 


*Color CRTs have either a single electron gun and a 
three-way beam splitter or they have three separate guns. 
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FIGURE 16-19 Color Venn diagram. 


scene will be yellow. Hence, yellow is said to be 
the complement of blue (see Figure 16-19). 

Red is the longest-wavelength electromag- 
netic wave to which the human eye is sensitive; 
blue is a short wavelength (only violet is shorter); 
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green is approximately half-way in between. Hence 
all the colors of the rainbow can be produced by 
the various mixtures of R, G, and B. Unlike the sub- 
tractive system whereby mixing red, green, and 
blue paint (or overlapping red, green, and blue 
lenses) produces black (or very dark), adding R, G, 
and B light emissions produces white. In fact, the 
correct mix of R, G, and B to produce the white 
perceived on a TV screen is 0.11 B + 0.59 G + 
0.30 R; that is 11 percent blue, 59 percent green, 
and 30 percent red camera-tube output signals. 
These values correspond to our eye sensitivities, 
and our eyes are most sensitive to green. 


Chroma Signals 


The transmitted signals required to produce the 
color on an otherwise black-and white-picture sig- 
nal (called /uminance) are referred to as the chrom- 
inance, or just chroma. The chroma signal is a 
3.579545 MHz +10 Hz phasor (or vector). The 
phase angle indicates the hue (tint or type of color), 
and the magnitude indicates the saturation level or 
color intensity. A red fire truck is an example of a 
very saturated red object. Pink is desaturated red. 

The reference phase for proper demodulation 
of the chroma signal at the receiver is transmitted 
in short bursts during each horizontal retrace pe- 
riod. The phase-color diagram of Figure 16—20 
shows the chroma signal phase for the primary 
colors (R, G, and B) and their complements (180° 
away) relative to the color-burst phase reference. 
The phase orientation of Figure 16—20 corre- 
sponds to that of a vectorscope that is often used 
in color troubleshooting. 

The chroma phasor is produced by summing 
two quadrature 3.58-MHz subcarrier signals, mod- 
ulated by / and Q signals developed from the red, 
green, and blue camera-tube outputs at the studio. 
A more detailed description of these color signals 
is now given and diagrammed in Figure 16-21. 


Chroma I and Q Signals 


As indicated in Figure 16-21, the input light image 
is focused and reflected through three colored 
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FIGURE 16-20 Phase-color diagram related to 
vectorscope display. 


lenses. The three lenses filter the light into red, 
green, and blue components of the scene, and the 
corresponding camera tubes produce the electrical 
signals R, G, and B. These time-varying signals are 
processed in a matrix of resistors and inverting am- 
plifiers to develop the Y (luminance), / (inphase), 
and Q (quadrature) video signals. Filters allow the 
Y signal to be approximately 4.1 MHz for sharp 
black and white illumination, but / and Q are limited 
to 1.5 MHz and 0.5 MHz, respectively. The human 
eye has higher resolution to orange than to reddish- 
blue colors, and since the / signal phase is towards 
orange, it is allowed the wider bandwidth. 

The / and Q signals are translated up to the 
high-frequency portion of the video bandwidth in 
balanced AM modulators. The 3.579545-MHz sub- 
Sidiary carrier was chosen to be exactly one-half of 
an odd multiple of the 15.73426-kHz horizontal 
pulse rate (see the frequency multiplier and divider 
in Figure 16-21). Since all the signals modulating 
the video transmitter carrier are chopped up into 
15.734-kHz horizontal line segments, this choice of 
chroma subcarrier frequency allows for the inter- 
leaving of luminance and chrominance harmonics 
such that the interference from alternate lines on 
the picture screen will cance/ in the viewer's eye. 
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FIGURE 16-21  Colorplexed video signal derivation. 
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The output of each balanced AM modulator 
is double-sideband/suppressed-carrier (DSB-SC). 
The / modulator output is vestigial-sideband-filtered 
to remove two-thirds of the upper sideband, so 
that all chroma signal energy falls within the 4.2 
MHz video bandwidth. The phase-quadrature DSB- 
SC / and Q signals are linearly added to form the 
chroma phasor. The result is an analog version of 
the QPSK modulator circuit of Figure 17-14. No- 
tice from Figure 16-20 that by varying the ampli- 
tude of the + / and +Q signals, any color in the 
visible spectrum may be transmitted. A mathemat- 
ical description of this Qquadrature-multiplexed sig- 
nal is included in Figure 8-20; also, a minimum re- 
quired receiver block diagram is shown in Figure 
8-21. 

As illustrated in Figure 16-21, the baseband 
Y signal, the 3.58-MHz subcarrier quadrature-mul- 
tiplexed chroma signal, and the reference-phase 
burst all modulate the video transmitter. The re- 
sultant signal modulating the transmitter is called 
the colorplexed video signal. 


Color TV Receiver Circuits 


A color TV receiver has a three-beam CRT, as pre- 
viously described. These three electron beams 
must converge on the holes or slots in the shadow 
mask and strike the designated red, green, or blue 
phosphor on the screen. Convergence in the center 
area of the screen is achieved by turning two per- 
manent-magnet rings located on the neck of the 
picture tube. This alignment is called static con- 
vergence. Convergence is a much more compli- 
cated alignment challenge when the beams are 
scanning the outer perimeter of the screen. Circuits 
on a dynamic convergence board and associated 
electromagnets in an assembly called the CRT 
yoke are used for achieving full-screen conver- 
gence. In addition to the dynamic convergence 
board and its parabolic waveform generators for 
“‘pincushion” control, a high-voltage regulator cir- 
cuit is used for precisely setting the CRT-anode ac- 
celerating voltage. 

The receiver circuitry for demodulating and 
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processing the luminance (Y) signal is the same as 
that described for the black and white TV system. 
Indeed this compatibility was designed into the 
NTSC’s 1953 FCC-approved requirements for tele- 
vision broadcast in North America. Consequently, 
the luminance signal is demodulated with the rest 
of the colorplexed video signal of Figure 16-22, 


Pav 


> 8 cycles of colorburst on backporch 


Chroma 


FIGURE 16-22 Video signals. (A) Black & white 
composite. (B) Colorplexed video signal. 


and the black and white Y signal is amplified in the 
video amplifier. 


Chroma Circuits The additional circuitry re- 
quired for demodulating and processing the chrom- 
inance (phasor) signal is shown in the block dia- 
gram of Figure 16-23. The primary function of 
chroma demodulation is provided by the two DSB- 
SC product detectors in phase-quadrature to each 
other. Actually the 90° phase difference between 
the 3.58 MHz reference inputs to these detectors 
is not an absolute requirement. Two detectors op- 
erating with some large phase-reference spread 
are required, however, in order to demodulate the 
chroma phasor that can have a phase in any phase 
quadrant. One scheme, called the XZ system, uses 
approximately 57°. The most commonly used 
scheme is the R-Y/B-Y system. 


R-Y/B-Y Demodulators. The phase-color dia- 
gram of Figure 16-20 has two small xs, one at 
90° and-.the other at 180° with respect to the 
color-burst phase. The R-Y detector operates in 
phase quadrature (90°) to the color-burst refer- 
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FIGURE 16-23 Chroma circuitry block diagram. 
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ence phase, and the B-Y detector operates at 
phase quadrature to the A-Y detector. 

Typical demodulator circuits used are the in- 
tegrated-circult balanced detector of Figure 10-8 
and the more conventional discrete component 
balanced demodulator of Figure 16-24. These are 
the same kind of phase-coherent demodulators dis- 
cussed in chapter 8 for DSB-SC and SSB-SC and 
in chapters 9 and 10 for phase detectors. 


Color Reference Signal The 3.58-MHz refer- 
ence signal for the R-Y and B-Y product detectors 
is generated by a crystal-stabilized VCO called the 
color reference oscillator. Various tuned-circult os- 
cillators are used by different manufacturers. A 
simple example is the Colpitts of Figure 2—23 with 
the crystal from base to ground. A small amount 
of VCO tuning can be achieved with a varicap- 
(varactor-) tuning diode in parallel with the crystal 
or by other reactance control circuits (see VCOs in 
chapter 9). 

The color oscillator is phase-locked to the 
transmitted color reference burst. The phase de- 
tector is virtually identical to the product detector 
of Figure 16-24 and is labeled **AFPC’’—auto- 
matic frequency and phase control. The reference 
input to this phase detector is from a high-Q tuned 
circuit that rings continously from the 3.58-MHz 
burst that is separated from the colorplexed video 
signal. 


Chroma 
signal 
input 


FIGURE 16-24 Balanced 
product-detector color 
demodulator. 
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As seen in the chroma circuitry block diagram 
of Figure 16-23, the composite video signal is am- 
plified in the first 3.58-MHz IF chroma amplifier. If 
a color transmission is being received, then the co- 
lorplexed composite video signal from the receiver 
video detector has an eight-to-ten cycle burst of 
color reference signal on the ‘back porch” of each 
horizontal blanking pulse. This eight-to-ten cycle 
burst is passed by the burst separator circuit that 
is gated from horizontal flyback pulses The eight- 
cycle reference signal burst is sustained between 
horizontal blanking intervals by a high-Q circuit 
tuned to 3.58 MHz. This signal is used for three 
functions: phase reference for demodulating the 
chroma phasor via the color-reference PLL, auto- 
matic color level control (a chroma-IF AGC), and 
the color killer system. 


Color and Tint Control The chroma IF ampli- 
fiers are tuned to 3.58 MHz and provide band-pass 
amplification for the 2 MHz of quadrature-multi- 
plexed DSB-SC modulated color phasor. The exact 
shape of the chroma IF response depends on the 
roll-off characteristics of the video IF. The overall 
result, however, must cover the 3.58 + 0.5 MHz 
of the Q-phasor and compensate for the 3.58 
(+0.5, —1.5)-MHz VSB Ephasor. 

AGC for this linear-AM IF amplifier is derived 
from the sustained reference-burst signal described 
above and is called automatic color control (ACC). 
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PROBLEMS 


The detector can be a noncoherent AM-type peak 
detector but is most often a quadrature phase de- 
tector. The ACC and color-killer detector of the 
block diagram (Figure 16-23) is a phase detector 
like that of Figure 16-24. When the phase refer- 
ence to this detector is in quadrature to that of the 
PLL reference, then the ACC/killer phase detector 
acts as a coherent peak-amplitude detector. The 
principle behind coherent peak detectors can be 
observed from the phase-detector waveforms of 
Figure 10 —A4C. It is, incidentally, the same princi- 
ple used in telephone touch-tone decoder circuits 
(Figures 12-32 and 12-33) and coherent satellite 
transponders. The virtue of coherent AGC (or ACC, 
in this case) is that, despite the presence of noise, 
there is no output voltage from this peak detector 
until the PLL locks-up to the color burst. 

The color killer circuit disables the chroma IF 
unless the presence of the color burst indicates 
that a color transmission Is being received. The ob- 
jective is to prevent B&W video signal noise from 
passing through the chroma system and causing 
color noise flecks, called confetti, on the screen 
during B&W signal reception. 

ACC holds the amplitude of the chroma sig- 
nal constant with respect to the amplitude of the 
color burst so that the color saturation (intensity of 
color) is correct. Fine control of this parameter is 
provided externally to the viewer by means of an 
IF gain adjustment potentiometer on the set, called 
the color control. The actual hue (red, yellow, or- 
ange, and so forth) is defined by the phase of the 
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chroma signal relative to the phase-locked, color- 
reference oscillator and can be fine-tuned by a 
phase-control potentiometer available to the 
viewer, called Tint control. The phase-shifting var- 
icap tuning diode is located either in the second 
chroma IF tuned circuit or the demodulator color- 
reference signals. 


Color Matrixing Two product detectors pro- 
ducing A-Y and B-Y signals are enough to yield RF, 
G, and B signals for controlling the three electron 
beams in the color CRT. The R-Y and B-Y outputs 
shown in the block diagram of Figure 16—23 are 
combined in a matrix amplifier to produce G-Y. 
Then these three signals must be added to the Y 
luminance output of the video amplifier system so 
that the sums yield AR, G, and B. 

Adding Y to the R-Y, G-Y, and B-Y signals Is 
done either in the chroma demodulator circuits or 
in the CRT. The latter technique is referred to as 
matrixing in the CRT, where the R-Y, G-Y, and B- 
Y signals go to the three control grids, and the Y 
signal goes to the cathodes. The former technique 
adds Y right at the chroma demodulators. The dis- 
advantage here is that the circuitry following the 
demodulators must have 4 MHz of bandwidth in- 
stead of the narrower chroma bandwidth because 
the Y signal is full-video. The full-video RGB signals 
are typically applied to the color CRT screen grids. 
Whatever the technique, color television is a com- 
plex system to which many people devote extraor- 
dinary energy, but the results are often enjoyable. 








Problems 


1. Determine the frequencies of the video and 
audio carriers for channel 10. 

2. Explain the differences in how light is changed 
to electrical signals in the Vidicon and Image 
Orthicon-type camera tubes. 


3. The PAL system in Europe uses 625 lines/ 
frame and 25 frames/sec. Assuming a video 
bandwidth of 5 MHz, determine: 

a. The horizontal sweep rate. 

b. The number of distinguishable picture ele- 
ments, assuming 84 percent of each hor- 
izontal line and 9O percent of the 625 
lines are visible. 


4°10 


4. Refer to the PLL channel synthesizer of Figure 


10. 


16—7. Determine the following: 

a. The phase-detector reference 
frequency. 

b. The value of N for the programmable di- 
vider when tuned to channel 5. (Hint: cal- 
culate the LO frequency #, from the video 
carrier RF and IF frequencies.) 

What are the advantages of the sampled 

AGC system used in TV receivers? 


input 


. Refer to Figure 16-10. 


a. How much bias current must Q, have in 
order for Q, to have a 2-mA collector-bias 
current? (Assume very high beta transis- 
tors and R, = 350 (.) 

b. Determine the maximum voltage gain of 
the video amplifier (maximum contrast), 
assuming FR, is in the center of its range, 
|. = 10 mA, and the ac cathode imped- 
ance is 224 k Q. (Inductors and bypass 
capacitors are shorts.) 

c. If the electron beam is 1 mA average, 
what is the maximum possible dc voltage 
on the cathode? (Set the brightness con- 
trol for maximum brightness.) 

d. If the CRT anode voltage is 10 kV, find the 
apparent dc impedance of the vacuum 
tube. (Include part c conditions.) 

a. What component is included in Figure 
16—10 for shunt peaking ? 

b. What component is included for series 
peaking ? 

c. Explain the purpose of peaking for a video 
amplifier. | 

What value should L, be to resonate with 

30 pF at 3 MHz? 


. In Figure 16—11, the base-emitter junction of 


Q, IS used as a rectifier. What component is 
primarily responsible for keeping the collector 
voltage at V,, between sync pulses? Why? 


A 5-volt battery is suddenly applied to an 

ideal 40-mH vertical deflection coil. 

a. After 15 milliseconds, what will be the 
peak current? 


12. 


13. 


14. 


TS. 


16. 


Us 


18. 


CHAPTER 16: BASIC TELEVISION 


b. What will be the maximum negative volt- 
age across the inductor during the flyback 
period if the vertical sweep frequency Is 
exactly 60 cycles/sec and the coil is dis- 
charged through a 1 () resistor? 

c. Sketch the vertical sweep current and 
voltage waveforms. 


_d. Repeat the above if the coil has 4 Q of 


series resistance. 


. Give two specific functions of the damper 


diode. 

If the peak collector voltage of Q, in Figure 
16-14 reaches 120 V and there are 20 turns 
on 72 from the collector tap point to the 
128-V power supply, what must be the total 
number of turns in order to produce a 9kV-pk 
pulse for CRT anode voltage? 


Why is a phase-locked loop used to synchro- 
nize the horizontal sweep ? 


R4, R5, and Cbd of Figure 16—16 form a lead- 
lag, frequency-compensation network for the 
horizontal sync system. 

a. Determine the lead and lag corner fre- 
quencies, assuming the phase-detector 
output impedance is 110k Q and R6 is 
open. 

b. Determine the corner frequency due to 
C6. 

c. Determine the maximum and minimum 
horizontal frequencies for L1 = 3OmH, 
assuming the voltage-variable resistance 
Circuit can vary from O to infinite ohms. 


A color TV screen is white until the red gun 
fails. What is then seen on the screen? 


Give three reasons for transmitting color 

burst. 

a. The color phasor has what phase for the 
/ signal? 

b. If green is to be transmitted, what are the 
approximate relative magnitudes of the / 
and Q vectors; use Figure 16-20 for a 
graphical approximation. 

a. Why does the / signal have a wider band- 
width than the Q signal? 


PROBLEMS 


b. What is the minimum bandwidth of the 

chroma amplifier system in the receiver? 

19. Why is a color oscillator necessary in a color 
TV? (Specify modulation types, etc.) 


20. 


All 





The tint control actually controls the 
of the chroma signal, and the color control 
actually controls the _______ of the chroma 
signal. 










ATA 
Introduction 


In the past, terrestrial line-of-sight and satellite mi- 
crowave systems have used analog FM with its ex- 
cellent noise suppression qualities. Most of these 
systems still use FM, but the baseband (modula- 
tion) signals are increasingly digital to allow real- 
time transmission, as well as the simple data stor- 
age and information rate-change techniques of- 
fered by digital signal processors. 

Since digital processing of data, voice, and 
video has become so widespread and efficient 
bandwidth utilization so crucial, higher-level (V/-ary, 
or multistate) signaling techniques are being used. 
These techniques take advantage of digital phase 
modulation, called phase-shift key (PSK), and a 
combination of amplitude and phase-shift keying 
designated APK or, more commonly, quadrature- 
amplitude modulation (QAM). 

One digital radio system is the AT&T DR 6- 
30. The repeater (actually consisting of 2 receivers 
and 2 transmitters) is illustrated in the block dia- 
gram of Figure 17-1. The DR 6-30 operates 
within the 6-GHz common-carrier frequency allo- 
cation and conforms to the required 30-MHz max- 
imum of half-power bandwidth. The received signal 
is 16-QAM-modulated, with a 90.524-Mbps data 
stream (equivalent to 1344 voice channels) con- 
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TABLE 17-1 U.S. hierarchy for 
telephone multiplexing 


Number of 
telephone voice 
channels 


Designation Rate (Mbps) 


DS—1 (T-1) 1.544 
DS-—2 G3 12 
DS-3 44.736 
_DS-4 274.176 


sisting of two 44.736-Mbps DS-3 data streams 
that can be made up from seven DS-2 lines (which 
is four T-1 lines; see Table 17-1). 

The receiver RF system has a two-stage 
GaAs FET preamplifier with a nominal gain of 15dB 
and a noise figure of 2.8dB (the system NEF is 4cB). 
The LO is derived from a 1-GHz transistor oscillator 
phase-locked to a 4-MHz TCXO through a +256 
prescaler and is stable to approximately + 2ppm 
over a O—-5O°C temperature range. The receiver 
threshold is —78dBm for a bit-error rate (BER) of 
10° (1 error per 1000 bits), but the system 
threshold is maintained to better than 107° BER. 

The 16-QAM| signal is demodulated to base- 
band, then regenerated for minimum noise accu- 
mulation. The parity is checked and corrected, and 
service channel bits are extracted and inserted. 









70 MHz, 16-QAM 
Gain 
control 


Channel 
combining 
filter 















Auto 
level 
control 









From other 
transmission 
channels 


Digital radio block diagram—AT&T’s DR 6-30. 
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Nonregenerative-type repeaters merely down-con- 
vert to IF for filtering, then up-convert and boost 
the power for retransmission. 

The transmitter amplifier is a 30-dB gain, 
four-stage GaAs PA with 2.5 Watts of power 
when backed-off 2.5dB from saturation. The lin- 
earity of the overall system is very important be- 
cause of the QAM modulation. Therefore, amplli- 
tude is carefully controlled in the receiver and the 
transmitter. In addition, an adaptive equalizer al- 
lows for correction of amplitude to within 1dB and 


L‘/-l 


MODEMS AND DIGITAL 
MODULATION TECHNIQUES 


As noted in chapter 13, M-ary digital modulation 
techniques are used in high data-rate synchronous 
modems for digital communication over telephone 
circuits. These modems can transmit end-to-end 
data rates of up to 9,600 bits/second (information 
rate). How it is possible to transmit 9.6 kbps over 
a 3-kHz bandwidth telephone line is explained in 
this section. 


Phase-Shift Key (PSK) 


Phase-shift keying is a carrier system in which only 
discrete phase states are allowed. Usually 2” phase 
states are used, and n =’ 1 gives two-phase (bi- 
nary, BPSK), n = 2 gives four-phase (quadriphase, 
QPSK), n = 3 gives eight-phase, n = 4 gives 
sixteen-phase, and so forth. 

Binary PSK is a_ two-phase modulation 
scheme in which a carrier is transmitted (O° phase, 
reference) to indicate a MARK (or digital 1) condi- 
tion, or the phase is reversed (180°) to indicate a 
SPACE (or digital O). The phase shift does not have 
to be 180°, but this allows for the maximum sep- 
aration of the digital states. Maximizing the phase- 


415 


delay distortion to within + 1ns over + 12MHz of 
the RF bandwidth.* 

All of the above circuit performance param- 
eters have been introduced in previous chapters, 
so we will now discuss the digital modulation 
techniques. 





*| am indebted to J. J. Kenney of Bell Laboratories for 
his excellent article, “Digital Radio for 9OMb/s, 16-QAM 
Transmission at 6 and 11GHz,”’ in the August 1982 issue 
of the Microwave Journal. 


state separation is important because the receiver 
has to distinguish one phase from the other even 
in a noisy environment. A simple block diagram for 
BPSK is shown in Figure 1/—2. 

The switches shown in Figure 17-2 can be 
implemented with numerous devices and circuits, 
but two of the more popular circuits useful over a 
wide range of frequencies—up to 4 GHz—are the 
balanced modulator using Schottky barrier (hot- 
carrier) diodes, as seen in Figure 17—3, and dual- 
gate FET switches. This diode modulator is obvi- 
ously an important circuit because you have seen 
it before as a balanced mixer and a balanced AM 
modulator (double-sideband / suppressed-carrier ) 
and demodulator. It is also the basis for higher-level 
PSK and QAM modulators and demodulators. 

When the digital voltage is high, D, and D; 
conduct with ground G being the data current re- 
turn path. A high-frequency carrier coupled across 
T, will then be connected through closed switches 
D, and D3 to the primary of 7,. Notice the instan- 
taneous phase of the carrier vector at 7, given by 
the + signs. If the data polarity reverses, D, and — 
D3 reverse-bias (open) while D, and D, conduct as 
short circuits. But notice that, for the same instan- 
taneous carrier phase at 7,, the phase at 7, will be 
reversed from that of the previous data condi- 
tion—the carrier phase has been shifted by 
180°. We have here a very simple phase-reversal 
modulator. So the block diagram of Figure 17-2 
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(Switch passes the 
carrier if input 
data is high) 








PSK 
output 





Summing 
amplifier 





"MARK" Data [1 | 0 | 11 Phase 
reversals 
PSK 
Reference 
(V cos w,t) 


FIGURE 17-2 PSK modulator block diagram. 


Carrier 
input 


FIGURE 17-3 Balanced 

PSK modulator circuit. If T, 

and T, are wound so that 

they do not invert, the 

carrier phase will be 180° 
(referenced to the input 

carrier) when the data is a 

digital ‘O”’. A digital *'1°’ 

will produce no phase shift. 

in Figure 


can be implemented as shown 


17-4. 


Demodulator 


Like any other PM receiver, the PSK demodulator 
must have an internal signal whose frequency is 
exactly equal to the incoming carrier in order to 
~demodulate the received signal. 





a Ni 


PSK 


: (data current) 


Bipolar 
binary 
input 


With analog PM, a phase-locked loop (PLL) is 
used that locks up to the received carrier. How- 
ever, BPSK with its sudden phase reversals is 
equivalent to constant-amplitude DSB-SC, and no 
discrete carrier Component is present for directly 
locking the PLL. 

As with DSB-SC demodulation, a Costas loop 
(see ‘Quadrature Multiplexing’ in chapter 8) can 
be used. The Costas loop is a PLL that combines 
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mt 
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i 


Crystal-controlled 


1 0 0 1 
oscillator (1-1-1 1) 


quadrature (‘‘at right angles’’)-detector outputs to 
derive the PLL error voltage. The error voltage then 
controls the VCO frequency that becomes the re- 
covered-carrier signal needed for demodulation. 

Another technique for carrier recovery is the 
square-law or doubler method. This is similar to the 
data-clock synchronizing described later in this 
chapter and is illustrated in Figure 1/—5. The 
square-law device is a frequency doubler that pro- 
duces a discrete spectral component at twice the 
carrier frequency. The other components are fil- 
tered out, and the carrier second-harmonic com- 
ponent, with noise, is used to phase-lock a fre- 
quency-doubled VCO. When the noise is averaged 
out, the VCO frequency is precisely equal to the 
received carrier. A generalized block diagram of the 
PSK demodulator with carrier recovery for phase 
reference is shown in Figure 17-6. 
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Differential phase-shift keying (DPSK) means that 
the data are transmitted in the form of discrete 
phase shifts A@, where the phase reference Is the 
previously transmitted signal phase. The obvious 
advantage of this technique is that the receiver, as 
well as the transmitter, does not have to maintain 
an absolute phase reference against which the re- 
ceived signal is compared. 

In DPSK, the data stream is initially processed 
in an exclusive-NOR gate and then made bipolar as 
shown in Figure 17-7 before phase-modulation of 
the carrier. 

Figure 17—7 also shows the computer output 
data, the bipolar voltages applied to the BPSK 
modulator, and the final transmitted DPSK phase 
shift. 


Loop 
filter 


Recovered carrier | 





FIGURE 17-5 PSK 
carrier recovery and 
demodulation. 
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Binary PSK input 
+V cos w,t 


FIGURE 17-6 PSK 
Qemodulator block diagram. 


The demodulator of Figure 17-8 shows the 
same DPSK signal transmitted by the modulator of 
Figure 1/—/. The inputs to the phase detector are 
the received signal and the same signal delayed by 
an amount equal to one bit-period. The phase de- 
tector produces a positive voltage when the input 
phases are the same. The comparator is used to 
regenerate the data pulses and make them TTL 
(computer)-compatible. 
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As is usually the case, you don't get some- 
thing for nothing. DPSK does not require a phase- 
locked-loop demodulator; however, the bit error 
rate (BER) will be worse by a couple dB of S/N 
than coherent demodulation of PSK because both 
inputs, signal and reference, to the DPSK phase de- 
tector are noisy. 

Despite all this discussion, binary PSK offers 
less than 10dB improvement over FSK when co- 
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NR2Z-B 











Phase 
detector 
Delay line 


At = T, 


(1-bit delay at 
RF signal frequency) 





herent detection is used, and considerable com- 
plexity is added to the modem hardware. 


Beyond Binary 


Digital data systems for high-speed transmission 
over bandwidth-limited media, like telephone lines 
and microwave links, use higher- (than binary) level 
modulation techniques; that is, they send more in- 
formation per transmitted signal transition (symbol) 
than binary systems. Instead of bin-ary, then, this 
is M-ary encoding. 

The most widely used multilevel modulation 
schemes today are V-ary PSK and QAM (quadra- 
ture AM, a combination of PSK and ASK). Quater- 
nary (4-level) PSK allows twice the information 
density of binary PSK and forms the basis for un- 
derstanding all sorts of quadrature-carrier modems 
and digital microwave systems. 


+ 45° 






— 135° —45° 
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(or 315°) 
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FIGURE 17-8 Differential 
PSK (DPSK) demodulator. 


QPSK 


Quaternary or quadriphase PSK offers twice as 
many data bits per carrier phase change than does 
BPSK. Hence, OPSK (4-PSK) finds wide application 
in high-speed carrier-modulated data transmission 
systems. Most data modems for synchronous 
transmission at data rates of 2400 bps on voice- 
grade telephone lines, and at higher rates on broad- 
band circuits and microwave digital radio links, use 
differentially encoded QPSK. 

The system data transfer rate is 2400 bps, 
but the transmission line signaling rate is 1200 
symbols/sec (baud)—a “symbol”’ in this case is a 
phase shift. 

A typical choice for the four relative phase 
shifts in a differentially encoded OPSK system Is 
shown in Figure 17-9. Here we see the phases 
+/4 and +37/4, relative to the horizontal axis 


Phase of 
previous band 


FIGURE 17-9 Phase 
constellation for differential 
OPSK. 
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that represents the phase of the previous baud 
(transmitted phase shift). 

This figure is referred to as a constellation, as 
if the Xs represent stars on an astronomy chart. 
Since there are four possible phase changes for 
each data transition, each change in phase, Aé, 
represents one of four points in the constellation. 
Recall that the word “‘bit” is a contraction of “‘bi- 
nary” and “digit.” Thus, compared to a two-level 
system, four levels define twice as many binary 
states, so we call each transmitted phase change 
a ‘‘dibit’’ or di (= double), binary-digit. An example 
of how the dibits might be defined for the differ- 
ential QPSK constellation above is shown in Figure 
17—10. Notice how successive phase shifts cor- 


Previous 
phase 





(11) (01) 


FIGURE 17-10 One possible dibit constellation for 
differential OPSK. 


respond to dibits that change by only one bit: this 
Is a Gray code arrangement. 

The circuitry for generating QPSK is forth- 
coming, but to get the idea behind how a 4-level 
modulation might be generated, let us look at the 
block diagram of Figure 17—11. Note that this 
block diagram is general, and the voltage generated 
(Vin) Could be used to produce various four-level 










900101 ee 
and store 
temporarily 


FIGURE 17-11 
Generalized 4-PSK 
modulator block diagram. 


Separate out 
bit pairs (dibits) 


signals such as four-level intensity-modulation of a 
laser. 

When they arrive at the transmitter modula- 
tor, the incoming serial binary data bits are tem- 
porarily stored in pairs. Each binary digit pair (dibit) 
is then given a voltage level that, when applied 
to the phase modulator, produces a phase shift 
corresponding to that of the Figure 17-9 con- 
Stellation. 

When the assigned voltage level causes a dif- 
ferential phase shift relative to the previous phase, 


_ this is called alfferential QPSK or DOPSK. An ex- 


ample of a differential 4-level voltage for DOPSK is 
shown in Figure 17-12. 

Compare the data stream to the transmitted 
phase and notice that, if the data bits are coming 
in at 2400 bps, the transmitted phase shifts are at 
a rate of 1200 symbols/second—the baud rate. 
The receiver reverses the process and produces 
2400 bps. Thus, by using QPSK, the transmission 
line bandwidth can be one-half that of BPSK or FSK 
transmitting the same amount of information (bits 
per second). 

In order to realize this two-to-one bandwidth 
savings, however, a lot of thought and design ef- 
fort goes into optimizing the transmitted OPSK 
spectrum, specifically spectrum-symmetry and 
bandwidth minimization. 

Spectrum symmetry primarily reduces signal 
propagation distortions caused by multipath and 
other transmission-media interferences. Symmetry 
is achieved by scrambling, quasi (*‘‘like’’)-random- 
izing, the digital data stream and by bit-stuffing. 
Bit-stuffing is also used when different-bit-rate data 
streams are combined into the sychronous data 
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stream. Scrambling can also be used to provide 
some transmission security. 

Bandwidth minimization is accomplished by 
transmitter output filtering as usual and, more im- 
portantly, by premodulation shaping of the data 
pulses. Raised-cosine pulse shaping was discussed 
in chapter 12. 

In addition to producing a four-level signal 
and QPSK from a single data stream, some sys- 
tems multiplex two separate data streams to give 
two-channel operation on a time-division multiplex 
basis. A logic (with analog output) circuit capable 
of producing the four-level signal V,,,, from two TTL 
data bits (A and B) is shown in Figure 17-13. 

For generating OPSK, we could apply the two 
bits forming each dibit to two BPSK modulators 
(like Figure 17-3) that are in phase quadrature 
(90°) to each other. This circuit is shown in Figure 
17-14. 

This is a very important circuit to concep- 
tualize because it forms the basis for deriving 
higher-level (8, 16, 32, ... ) PSK, QAM, and other 





481 


(0 0) 


_ Preview 
Phase 


(0 1) 


FIGURE 17-12 4-leve/ 
voltage and DOPSK output, 
AG. 


quadrature-carrier modulation schemes. Inciden- 
tally, there is nothing new about this quadrature- 
carrier modulator; a continuous-phase version is 
used to produce color on your TV set. 

To understand how the output constellation 
is produced by this circuit, let a, and b, assume 
the values for each dibit pair and follow the phase 
of the oscillator signal through the circuit. If you 
assume no phase inversion across transformers 
(primary-to-secondary), then the constellation 
shown in Figure 17-14 will result. Examples for OO 
and 01 are shown in Figure 1/—15. 


OPSK Demodulation 


A block diagram showing OPSK demodulation and 
data recovery processing is given in Figure 1/—16. 
This system includes circuitry for recovering a Co- 
herent carrier for the phase detector. Various tech- 
niques are used for carrier recovery, including the 
Costas loop and multiply/divide schemes. 
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CHAPTER 17: DIGITAL RADIO AND SPACE COMMUNICATION 


D 
C 
Individual 20 k ~<«—Feedback 


“= phase adjustment Univer Class B push-pull 


FIGURE 17-13 2-level to 4-level converter, which produces the modulation 
voltage for QPSK from two separate binary data streams or the two bits forming 
each albit. 
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FIGURE 17-14 Quadrature-carrier QPSK modulator. 
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FIGURE 17-15 
Generating the QPSK 
constellation for the 
quadrature-carrier circuit of 
Figure 17-14. Each phase- 
reversal modulator reverses 
the carrier phase for a 
digital 1. (A) Dibit OO 
(01) produces 0, = 1/4. (B) 
Dibit O1 produces 85 = 
3n/4 = —T/A. 
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FIGURE 17-16 OPSK receiver block diagram. 
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Following demodulation and filtering of the in- 
phase and quadrature signals, the data pulses are 
regenerated (squared-up) and processed to remove 
the receiver phase ambiguities, followed by paral- 
lel-to-serial conversion of the / and Q data. 

The recovery of a clock signal from a syn- 
chronous data transmission is examined following 
quadrature demodulation and carrier recovery. 


Quadrature Demodulation 


The question that arises with the QPSK demodu- 
lator is why two data output lines, / and Q, are 
shown. After all, a single phase representing a 10, 
O1, 11, or OO is transmitted, and it would be a 
simple matter to have the demodulated voltage 
level trigger the appropriate two bits. The problem 
Is ambiguity. The output of a phase detector, like 
PDI of Figure 17—16, is ambiguous regarding which 
phase was transmitted. A review of phase detector 
basics will explain this (also see “Loop Compo- 
nents’ of chapter 10 on PLLs). 

Recall that the phase detector is a mixer or 
product detector with a dc-coupled output. Like all 
mixers, the function performed mathematically is 
multiplication. In the case of a phase, or product 
detector, the two input signals have the same car- 
rier frequency, therefore the difference or IF fre- 
quency is d@c—or in the case where one of the 
signals is phase-modulated, the dc voltage varies 
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with the phase variation. If the phase detector in- 
puts are cos (w,t + 6,) and cos w,t as shown in 
Figure 17—17, then the output will be 


cos (wt + 6,) X cos w,t 

= '/2 cos [(w,t + 65) + w.f] 
+ '/2 cos [(w,t + 04) — w,f] 
'/2 cos (2w,t + 6,) + 1/2 cos 0, 


(17-1) 


where @, is the transmitted data phase. 
A low-pass filter is used to attenuate the sec- 
ond harmonic term so that we are left with 


V, = 1/2 cos 6, (17-2) 


4, is the modulated phase (+2/4, +3/4), and 
V, = Ye cos 8, is the output de voltage represent- 
ing the appropriate dibit. Figure 17-18 shows the 
four possible outputs of the / detector. The ambi- 
guity is that, if Ye cos (+45°) = + 0.35 volts 
comes out of the detector, we do not know if 
+ 45° or —45° was received; the same ambigu- 
ity exists for —0.35 volts and + 135°. 

In order to resolve the ambiguities, we must 
use a second phase detector operating in quadra- 
ture (90°), called PDQ in Figure 17-16, and a two- 
level decision circuit to establish the final output 
full-binary data stream. Figure 17-19 shows the 
PDQ outputs for QPSK. Notice that the voltage for 
—1m/4 and +37/4 have the opposite polarity to 


Carrier phase of present dibit 


cos (w,t + 4,) 


POL 


Input phase— 
modulated 


cos wt 


Phase detector output 


(recovered carrier 
at receiver) 


cos (wt + 04) 


FIGURE 17-17 Phase 
detector for detecting data 
phase 0,. 
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V, = cos 6, 
cos (wt + 64) X cos w,t = +] ere| 
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Vor= %2 cos 64 
(Volts) 






6 (radians) 
—0.35 (or —7/4) 


FIGURE 17-18  /n-phase phase detector (PD/) 
output showing the output voltages corresponding to 
the four discrete phases of the QPSK input. 


Voo = “sin 6, (volts) 





6 (radians) 


FIGURE 17-19 Quadrature phase detector (PDQ) 
outputs for OPSK. 


those at the output of PDI. Hence a logic decision 
circuit can examine the two phase detector out- 
puts and determine the transmitted phase. Having 
correctly determined the received dibit phase, the 
logic circuitry produces the corresponding two bits 
of serial data. 


Carrier Recovery 


Because of transmission problems, especially in 
digital radio systems with multipath, fades, and 
other phase nonlinearities, the data bits are usually 
scrambled in a way that will make the transmitted 
QPSK spectrum quasirandom. This makes for a 
very complex receiver. 

The problem is finding a carrier signal to lock 
to in the midst of a quasirandom keyed, phase-re- 
versal modulated signal spectrum (see the spec- 
trum of Figure 17-20). One type of carrier-recovery 
circuit for QPSK is the X4 multiplier technique 
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FIGURE 17-20 Spectrum of PSK signal modulated 
with quasi-random data. 


shown in Figure 17-21. It can be shown mathe- 
matically that spectral lines at the carrier frequency 
can be produced by frequency-multiplying the ran- 
dom OPSK. After filtering, we divide back down 
using a PLL to recover the carrier. Clearly, this is 
the same technique as used for BPSK carrier re- 
covery (where X2 was used). 

A OPSK demodulator using the X4 method of 
carrier recovery is shown in Figure 17-21. As in- 
dicated in the figure, phase-reversal transitions as 
well as other noise will cause the recovered co- 
herent carrier to jitter with phase and frequency 
noise. Phase jitter of the receiver phase reference 
must be minimized in order to minimize intersym- 
bol interference in multiplexed data systems and to 
minimize the bit error rate. 


Bit Timing Recovery 


Once we get the demodulated / and Q data from 
the in-phase and quadrature detectors, it Is nec- 
essary to produce a clock from the synchronous 
(and scrambled) data bit stream. Figure 17-22 is 
an example of a recovery scheme that produces 
pulses at amplitude transitions and uses a narrow- 
band filter (a PLL) to establish a ‘‘clean’’ clock sig- 
nal; that is, we synchronize a VCO with one of the 
spectral lines created in the process of producing 
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/ data 
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FIGURE 17-21 QPSK demodulator, including the carrier recovery system. 
RZ signal 
/ (or Q) Squared-up data 
data 
Recovered 
clock 


At <1 bit 












Narrow-band (PLL) tracking filter 


FIGURE 17-22 Clock recovery circuit for bit-timing recovery. 


an RZ (return-to-zero) signal from the / (or the Q) 
data stream. The explanation of this is illustrated in 
Figure 1/—23. The data is quasi-random, having 
been bit-stuffed and scrambled at the transmitter. 
The frequency spectrum of such a random bit 
stream is shown in Figure 1/—23B. The 274 Mbps 
(AT&T's T4M) microwave PCM system uses 
scrambling. 

The spectrum of the squared-up data pulses 
has two notable qualities: (1) this is a continuous 
spectrum because of the assumption of random- 
data, equally probable 1s and Os; and (2) there are 
no spectral lines to which we could synchronize a 
clock. 

When the RZ signal a is produced by the ex- 
clusive-OR, there is a change in the continuous 
spectrum (Figure 17—23D). The continuous part 
we don't care about; what is important is the fact 
that discrete spectral lines are produced at fre- 


quencies that are harmonics of the transmitted 
symbol rate, nf, = 1 kHz, 2 kHz, 3 kHz, etc. If this 
spectrum is passed through a narrow bandpass fil- 
ter so that all but one of the spectral lines are at- 
tenuated, we could then use this signal to synchro- 
nize the clock oscillator. 

In particular, a phase-locked loop will both 
synchronize and filter simultaneously, so that the 
recovered (sync’ed) clock is the VCO output. This 
is the narrow-band tracking filter of Figure 17-22. 
The 274-Mbps T4M system uses the narrow-band 
PLL; T1 systems recover timing with tuned circuits 
set for the 1.544 Mbps data rate. 


Modems with Higher than Four-Level 
PSK and QAM 


Multilevel signaling schemes are often compared 
on the basis of bandwidth efficiency by a parame- 
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Decoded bit stream 
(no noise shown) 
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(for 7, = 0.5 ms) 
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(transmitted baud rate) 


clock 





FIGURE 17-23 Bit-timing (clock) recovery for quasi-random synchronous data. 


ter called information density D,. Information den- 
sity is defined as 


D, = 1/8; (17-3) 


where f, = information transfer rate (bps) and B, 


= information bandwidth (Hz). 

Thus information density is given in bps/Hz. 
Much disagreement exists over how to define the 
bandwidth of digital signals. For the purpose of 
comparing multilevel transmission systems, the ab- 
solute minimum bandwidth of an ideal (Nyquist) 
channel is used. Both f and B,; were defined in 
chapter 12. 

As an example, the theoretical maximum for 
binary (baseband) signaling is D, = 2bps/Hz, since 
two bits can be transmitted per cycle in an ideal 
noiseless channel. When these signals are modu- 
lated on a carrier, both the upper and lower side- 
bands are usually transmitted. Consequently, the 
bandwidth doubles and D, is cut in half. 

Modems transmitting more than 2400bps 
use synchronous formats and higher than four-level 
encoding techniques to improve the information 
density and transmit more information in a given 
bandwidth. Thése /V-ary techniques encode rn bits 
per symbol, where n = log, M, which comes from 
solving the basic relationship, M = 2". As an ex- 
ample, n = 2 for four-level QPSK and two bits 
(one dibit) are transmitted per symbol. 


es 


8-PSK transmits n = 3 bits (called tribits) per 
transmission line change (symbol). Consequently, 
A800bps can be sent at 1600 baud (4800/3 = 
1600) using 8-PSK. Examples of such modems are 
the AT&T types 208A and 208B. The 208A op- | 
erates full-duplex on four-wire private (leased) 
lines, whereas the 208B operates half-duplex on 
two-wire switched (telephone) lines; both transmit 
synchronous data. The four-wire system incor- 
porates two complete transmission lines: one 
for full-bandwidth transmitting, and the other for 
full-bandwidth receiving. 

Please note that these are modulated-carrier 
systems that produce upper and lower sidebands; 
consequently the maximum theoretical information 
density D, is determined from D; = 1 (bps/Hz). As 
examples, BPSK can theoretically achieve 1bps/Hz, 
QPSK promises 2bps/Hz, and 8-PSK, 3bps/Hz. Op- 
erating OPSK systems are achieving slightly over 
1.9bps/Hz.* This is limited by system distortion, 
timing jitter, and other degradations. 

Higher-level PSK signals can be generated by 
combining more BPSK modulators, as was done to 
produce the QPSK circuit of Figure 17-14. Of 
course, the fixed 90° phase shift between the 
BPSK sections must be reduced (compared to 


NN 


*Ereeman, R. L. Telecommunication Transmission 
Handbook, 2nd edition, Wiley Interscience, 1981, p. 606. 
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FIGURE 17-24 
Comparison of 8-PSK and 
two 8-QAM constellations. 


OPSK) to accommodate the new vectors. More 
often, however, the OPSK scheme is maintained, 
and additional vectors are produced by varying the 
amplitudes of the separate quadrature carriers with 
attenuators in each BPSK section. Not only can V- 
ary PSK be implemented with such a scheme, but 
QAM can as well. 


Quadrature Amplitude Modulation 
(QAM) 


Modems transmitting 9,600bps on narrow-band 
telephone circuits use 16-level PSK or QAM. The 
AT&T 209A modem transmits synchronous data 
at 9,600bps full-duplex using 16-QAM on four-wire 
equalized (phase- and frequency-compensated) 
leased lines. Microwave radio systems using 16- 
QAM are Bell Lab’s DR 6-30 (Figure 17-1) and 
the DR 11— 40. 

OAM is a multilevel quadrature-carrier sys- 
tem similar to that described for QPSK, except that 
different amplitudes are included in the signal-state 
space (constellation). A comparison of 8-PSK and 
two possible 8-OAM constellations is shown in Fig- 
ure 1/-24. 

The constellations of Figure 17-24 can be 
implemented with the OPSK circuit of Figure 17-— 
14 using the PIN diodes and multilevel converter 
scheme such as shown in Figure 17-13. Thus the 
amplitudes of the quadrature carriers are adjusted 
to produce the various constellations. An extension 
of this concept is illustrated in the linear combining 
of two OPSK signals to produce the 16-QAM Sig- 
nal of Figure 17-25. The modulator and demodu- 
lator block diagrams are also shown in this figure. 





A. 8-PSK. 
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C. 8-QAM (8 phase, 
2 amplitude). 


B. 8-QAM (4 phase, 
2 amplitude). 


If MEary PSK and QAM can be generated by 
essentially equivalent circuits, what are the trade- 
offs? One obvious consideration is that QAM, be- 
cause it is an AM signal, requires linear amplifiers 
at the transmitter output and receiver, whereas 
PSK does not. However, QAM systems can out- 
perform PSK in transmitted power and noise im- 
munity trade-offs. 


L'/-2 


NOISE AND ERROR RATE 
PERFORMANCE 





If the longest vectors in the constellations of Figure 
17-26 have equal peak power, then clearly the av- 
erage signal power for an 8-OAM constellation is 
less than that of the 8-PSK, with its equal length 
vectors. On the other hand, if the QAM Dower Is 
increased until it is equal to the average PSK 
power, then the distance between any two points 
in the constellation will be greater for QAM. Hence, 
QAM has better noise performance than PSK. As 
seen in Figure 17-26, the distance between points 
in the constellation is proportional to noise immu- 
nity, because when peak noise vectors exceed 
one-half the distance between points, the proba- 
bility of error is great. 

Figure 17-27 compares the probability of 
error (bit error rate, BER) for various digital- 
modulation types, given an rms Carrier-to-noise 
ratio, C/N. C/N is calculated in the absolute mini- 
mum RF bandwidth (two-sided Nyquist) for the 
transmitted symbol (baud) rate. 
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FIGURE 17-25 Modulator, demodulator, and constellation. 
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EXAMPLE 17-1 


1. Compare the magnitude of allowable peak noise for 8-PSK and the par- 
ticular 8-OAM constellation of Figure 17—26. The maximum peak signal 
amplitudes for both systems are equal (V.... = A). 


2. Determine the power savings for the QAM, assuming an equal proba- 
bility of transmission for each of the eight states. 

3. Use the curves in Figure 17-27 to compare the required C/N for 8-PSK 
and 8-QAM to achieve a system BER of 1 error in 10° bits. 


490 CHAPTER 17: DIGITAL RADIO AND SPACE COMMUNICATION 


Solution: 


1. From the geometry of the 8-OAM, A = ad + (9/2) Vo = 1.707d. so 
a noise peak of A, = a/2 = 0.293A, occurring at a receiver sample 
time, can cause an error. For the 8-PSK, A, = h/2 = A sin (45°/2) = 
0.383A. Comparing noise peaks, PSK/OAM = 0.383A/0.293A = 
1.307 (30.7 percent). This is not an S/N or C/N ratio. 


Power savings for the QAM of question 1: P,,, & A’ X (number of 
states with amplitude A). Ps.psx/Ps.qam = (8 & A*)/[(4 XK A2) + 4 & 
(a\/2/2)"], where d = A/1.707. Hence, Parc’ Pacman = 8/l4 + 
4(0.414)*] = 1.707 (2.32dB). 

8-OQAM requires about C/N = 19dB for BER = 10°, and 8-PSK re- 
quires about 20 dB. The QAM can tolerate more noise. 





E,/ N, 


Noise performance curves such as those of Figure 
17-27 are plots of the complementary error func- 
tion for Gaussian noise channels (see chapter 13). 
In addition to C/N, these curves are also plotted 
against another very important noise performance 
parameter for digital transmission systems, 
F.,/N, (dB). &, is the detected energy per bit, and 
N, is the noise spectral density. 

If the transmitted information rate is #,, then 
the time per bit is 7, = 1/f, and the energy per 


10°73 


ic 


10° 


Probability of error, bit error rate 





107* bit is E, = ST,, where S is the signal power. 
Hence S = &,f, and the total noise [K7(dBm/Hz) 

ee + NF(dB)] in system bandwidth B is N = N.B, 
where NV, is the total noise spectral density in 
Watts/Hz. 

1078 The limiting factor to the number of levels M 
that can reasonably be used in an M-ary modula- 
tion scheme is noise. The Shannon limit for infor- 

107° mation rate capacity is equation 12-7, C = 


C/N (dB) B log, (S/N + 1), where B is the system band- 
width. Equation 12—7 can then be expressed for 


digital data systems as 
FIGURE 17-27 Data error rate versus carrier-to- 


noise power ratio. C = Blog, [(E,f,/N,B) + 1] (17-4) 
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FIGURE 17-28 _ Data error rate comparisons for 
various binary signaling schemes. 


Figure 17-28 compares the data error prob- 
ability rates for FSK and a few PSK modulation 
schemes, including the noncoherent differential 
two-level (DPSK). Notice that coherent 2-PSK and 


4-PSK (BPSK and OPSK) have the same probability - 


of error. Also, the noncoherent FSK and DPSK fol- 
low exponential curves of 0.5 exp (—O.5E,/N,) 
and 0.5 exp (—&,/N,), respectively, whereas the 
coherent schemes, including on-off key, follow the 
error-function relationship. 


Bandwidth Requirements for Digital 
Radio 


The bandwidth efficiency of W-ary data modulation 
techniques makes the added circuit complexity 
worthwhile when operating in bandwidth-limited 
environments. The absolute minimum bandwidth 
for a modulated signal is twice the modulating sig- 
nal rate. 

For NRZ pulse formats, the worst-case car- 
rier switching rate is from consecutive high and 
low symbols that produce a fundamental rate of 
f,/2. The modulated signal bandwidth must then 
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be at least the transmission line baud rate f, in 
order to include the minimum upper and lower 
sidebands. Hence, for binary PSK the absolute min- 
imum system bandwidth is equal to the information 
rate f because f, = f, for binary. BPSK has a band- 
width efficiency of 1bps/Hz. 

For QPSK with its four-level encoding, two 
bits of information are transmitted for each carrier 
shift, so the transmission system bandwidth need 
be only one-half the information (computer data) 
rate. For an M-ary PSK or QAM system, the min- 
imum transmission system bandwidth Is 


B = f,/log, M (17-5) 


For 8-PSK then, the minimum bandwidth is B = 
f/log, 8 = f/3. The bandwidth efficiency is 
3bps/Hz, also called the information density. 

Digital radios do not transmit only one set of 
spectral lines. A typical Common-carrier micro- 
wave link multiplexes numerous synchronous and 
asynchronous digitized voice and data signals into 
a single baseband signal for transmission. The mi- 
crowave signal is very sensitive to nonlinear circuit 
phase slopes, multipath, and other distortions. 
Also, the FCC forbids the transmission of constant 
discrete spectral lines; consequently, data scram- 
blers are used for quasi-randomizing the baseband 
signal. This produces a symmetrical RF spectrum 
(see Figure 17-20). The FCC has defined a band- 
width ‘mask’ within which the microwave signal 
must be confined. 

The FCC mask shown in Figure 1/7—29 Is spe- 
cifically for the 5.925—6.425GHz band, in which 30 
MHz of bandwidth is allowed. Other heavily used 
frequency bands and their allowable bandwidths 


dB... 
reference 


30 MHz 


—50 dB— 


—~80 dB — 
f,-26MHz f. 


Oo 


f, + 26 MHz 


FIGURE 17-29 FCC mask. 
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are 2.11-2.13GHz (3.5 MHz bandwidth), 2.16— 
2.18 GHz (3.5-MHz), 3.7—4.2 GHz (20 MHz), and 
10.7—11.7 GHz (40 MHz). 

When high data rates and rectangular pulses 
are modulated on the microwave carrier, the spec- 
trum (see Figure 17-20) usually exceeds the FCC 
mask. Consequently, bandwidth-efficient modula- 
tion schemes are used. The typical TTL (NRZ) or 
RZ data pulses are reshaped, usually into raised co- 
sine pulses that have a fast spectral roll-off outside 
of the first lobe. Also, raised-cosine pulses produce 
low intersymbol interference (ISI). 

In addition to the premodulation pulse shap- 
ing, multipole Nyquist filtering is done in the IF’s 
after modulation, after the up-converter, and after 
the final power amplifier that has traditionally been 
a slightly saturated (backed-off from saturation) 
traveling-wave tube (TWT) for high power and 
efficiency. 
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SPACE AND FREQUENCY 
DIVERSITY 


The propagation phenomena that cause signal fad- 
ing were discussed in chapter 15. The problem of 
transmission loss during fades can be overcome by 
overpowering the system signal budget, but diver- 
sity techniques are used where deep fades must 
be reliably accommodated. 

Studies show that most fading phenomena 
are frequency-dependent, and the probability of a 
deep fade at two different frequencies separated 
by roughly 2 percent is quite low. 

Frequency diversity can be designed into a 
microwave link by providing two or more transmit- 
ter and matching receiver pairs that operate at dif- 
ferent frequencies. In addition to the improved re- 
liability with respect to fades, system redundancy 
is available during a circuit failure. 

Postdetection receiver logic circuitry can 
monitor the BER performance of the link and 
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switch channels if the error-rate threshold is 
exceeded. 

Space diversity reception is illustrated in Fig- 
ure 1/-30. The transmitter radiates simultaneously 





Diversity receiver 


FIGURE 17-30 Microwave link with space 
diversity. 


to two antennas separated vertically by at least six 
wavelengths. The probability of a deep fade over 
both paths simultaneously is small. 

The received signals are down-converted and 
combined at the IF. This system can be used to 
improve the C/N ratio when both received signals 
are of comparable levels. This is possible if signal 
delays in both paths have been equalized at the 
carrier frequency so that the carrier peak vo/tages 
add constructively, giving as much as 6 GB in- 
crease. The random noise in the two paths will not 
be correlated, so the noise power adds (rms) for 
an increase of as much as 3 dB. The improvement 
in C/N can then be as much as 3 GB. 
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SYSTEM GAIN, POWER, AND 
NOISE BUDGETS 


In designing a UHF or microwave communications 
link, especially via a satellite, one of the first steps 
is to determine the system power gains and losses. 
With this information the trade-offs between trans- 
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mitter power, antenna gains, and receiver sensitiv- 
ity (noise figure and gain) may be determined. 

Usually the fixed constraint for the system Is 
the receiver signal-to-noise ratio or, for digital sys- 
tems, the error rate. The link designer uses the 
curves of Figures 17-27 and 1/—28 to convert 
BER to a system signal-to-noise quantity such as 
C/N oF E/N. 

The system power gain is calculated by con- 
sidering all of the losses and gains that the trans- 
mitted signal experiences as it propagates from the 
transmitter output to the receiver input. As an ex- 
ample, consider the line-of-sight transmission link 
of Figure 1/-31. 

The transmitter (Xmtr) develops power P, 
measured in dBm or dBW. This power is coupled 
through circulators used to couple other transmit- 
ters (for other channels) to the antenna feed sys- 
tem while minimizing VSWR and power “‘blasts”’ 
from other transmitters. Some power loss Lg, IS ex- 
perienced because of this coupling and branching 
in the transmitter output system. 

The remainder of the transmitter output 
power is fed to the antenna, typically some dis- 
tance from the transmitter. This distance is kept to 
an absolute minimum in satellites. The feed sys- 
tem—including losses due to cables or wave- 
guides, flanges, and associated VSWRs—is_in- 
cluded in the system gain budget as feeder losses 
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L,. lf exact losses for a system are unknown, then 
a reasonable estimate is 10dB/100 meters of 
feeder. 

Microwave dish antennas have energy-con- 
centrating properties due to their geometries that 
give a considerable gain over a theoretical isotropic 
radiator. Equation 15-19, G, = n(mD/A)’, is used 
to compute the antenna gain when the diameter 
and frequency are known. At this point we could 
calculate the radiated power or EIRP—the effec- 
tive isotropic radiated power. The EIRP in dB with 
respect to one Watt is found from 


EIRP(dBW) = P(dBW) — L,,(dB) 
— L,(dB) + G,{dB) (17-6) 


The major loss of power in the system is the 
space, or path, attenuation L,. The power or en- 
ergy radiated from an antenna is not guided by 
waveguides or cables, thus it will spread out in all 
directions as it propagates through space. In addi- 
tion to power density loss, there are numerous at- 
mospheric, ionospheric, and other anomalous 
propagation disturbances that result in loss of sig- 
nal power. Some of the propagation disturbances 
are fixed; others vary over time. The variable losses 
will be combined into the category called fades, 
and the system gain margin, called fade margin 
(F. M.), is determined from Table 15-1 for a given 
system reliability objective. The fixed path loss or 
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FIGURE 17-31 
Components in system gain 
and power budget. 
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space attenuation (equation 15-29) has been 
found to be proportional to the square of the dis- 
tance d traveled by the signal and also to the 
square of the signal frequency, L, « d*f*. With the 
constants of proportionality being 92.4dB for kilo- 
meter-GHz and 36.6dB for miles-MHz, the space 
attenuation power loss will be 


L{dB) = 92.4dB + 20 log dm + 20109 fax, 
(17-7) 


or L{dB) = 36.6dB + 20 log d,, + 20 log fun, 
which is equation 15—30A. 

As an example, a terrestrial microwave radio 
2-GHz transmission over 50km (31 miles) will re- 
Sult in 132.4dB of power loss. Clearly, a satellite in 
a geosynchronous orbit, 35,880 + 113 km 
(22,300 + 70 miles) above the equator will have 
a path loss considerably greater. 


Received Signal Power and System 
Gain 

The information of the last few paragraphs gives a 
basis for computing the system gain by which the 


signal power received over a communications link 
may be determined. The system gain is defined by 


G,,(dB) = P(dBm) — S(dBm) (17-8) 


The signal power S, reaching the receiver Is pro- 
portional to the power transmitted and all the gains 
and losses between the transmitter output and re- 
ceiver input. Expressed mathematically, 


S, © (P,Gy,Gy)/[LeLAF.M.)Le] (17-9) 


The received signal power calculated in decibels 
will be 


S(dBm) = [P,dBm) — L,(dB) — L,(dB) + G,,(dB)]* 


EXAMPLE 17-2 


— 13/dB + 270 log f+ 20 log al** 
— F.M.(dB) + G, (dB) (17-10) 


where P{dBm) = Transmitter output power, in dBm. 
(Remember, dBm = dBW + 
30aB.) 

L,(dB) = Total branching losses, from trans- 
mitter output to the antenna-feed 
system, including losses due to Cir- 
culators; and receiver antenna-feed 
system to the receiver input, includ- 
ing power splits if more than one re- 
ceiver is to process the same signal. 
Use 3dB unless more specific infor- 
mation is known. — 

L{dB) = Total transmit and receive antenna- 
feed losses. Use 10dB/100 meters 
(328 ft) for typical air-filled coax or 
waveguide, unless more specific in- 
formation is known. 

G, (dB) = Transmit antenna gain, in dB. This 
is actually in dBi, since antenna 
gains are referenced to the gain of 
an omnidirectional ‘isotropic’ point 
source. 

[ ]* = Effective isotropically radiated 
power from the transmit antenna 
(EIRP). 

[ ]** = L,(dB), the space path loss of a sig- 
nal at frequency f(MHz) over a dis- 
tance a(miles) of empty space. 

F.M.(dB) = Fade margin to account for variable 
path losses. Use 6dB for satellite 
communication links below 10 GHz 
and Table 15—1 for land links. 

G,\dB) = Receiver antenna gain, in dB. See 
Gy, above. 


To illustrate this procedure, the following ex- 
ample is given for a line-of-sight land link. 





| Determine the signal power received 40 miles from a 2.11 GHz, 1-Watt trans- 
mitter. Both receiver and transmitter are 164 feet away from their 3-meter 
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antennas. The worst-case propagation reliability is to be 99.99 percent; that 
is, outages will occur for less than 0.01 percent of the time over a year (52 


minutes during the year). 


Solution: 


From Equation 17-10 and A = c/f = 3 X 10°7/2.11 X 10° = 0.142 


meters: 


S(dBm) 


= 30dB — 4 10d8/326 Ty 


X (2 X 164 ft) + 10 log 0.55 (-3/0.142)?] 
— [37dB + 20 log 2110 + 20 log 40] 
— 38dB (see Table 15-1) + 34dB. 


S{dBm) = 
= —88.5dBm. 


- The power is, from —88.5dBm = 10 log 


ay 
,o, = 
ImW 


[51dBm EIRP] — [135.5dB path loss] — 4dB 


1.4 picoWatts. This 


is the minimum power received for the system because we have included 


worst-case fading. 





System Threshold 


System threshold is given by a minimum perfor- 
mance criterion for a particular application. This 
must be translated into a minimum signal level or, 
more often, a minimal signal-to-noise power ratio. 

Having determined the amount of signal 
power at the input to the receiver, we can deter- 
mine the carrier-to-noise ratio C/N or the &,/N, 
ratio in the IF system at the detector. These are 
extremely important system parameters because 
the quality of the demodulated information de- 
pends on the predetection signal-to-noise ratio. 


These ratios not only determine the noisiness of 


*Most microwave line-of-sight (LOS) links, both ter- 
-restrial and satellite, are FM systems. This is giving way to 
purely digital-modulated carriers, but for now we find many 
common carriers taking information at baseband or already 
modulated in different formats such as SSB-SC, digital 
PCM, VSB (vestigial sideband, like TV video), and FM’ing it 
onto the microwave carrier. 


received voice/video transmissions and error rate 
of data transmissions, but also will determine in an 
FM* system whether or not the receiver will be 
captured by the signal or by the noise (see “‘Cap- 
ture Effect’’ in Chapter 9). 

All we need to know Is the receiver noise fig- 
ure (NF) and the net predetection bandwidth (B). 
Net bandwidth refers to the overall bandwidth of 
the receiver, including IF narrowing (see chapter 5). 
Actually, for the type of high-performance receiv- 
ers we are considering here, the IF amplifiers 
themselves are made wideband  (low-circuit 
Q), and a multipole bandpass filter is placed 
between the mixer and first IF amplifier. This 
filter determines the predetection bandwidth 
and must be wide enough to pass the modu- 
lated signal with very low amplitude and phase 
distortion. 
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The thermal noise power at the receiver input 
is N = kTB and can be expressed in dBm by equa- 
tion 5-13, 


N,,(dBm) = —174dBm + 10 log B 
The total noise power will include the system noise 
figure NF. 


Using the results of example 17-2, we can 
calculate the C/N at the detector for a 36-MHz 
bandwidth and 3.94dB receiver noise figure as 


S,/MdB) = S\{dBm) — MdBm) 


= —§6.5 + 174 — 10: log B — NF 


+ 6dB 
This is a very poor predetection C/N. Granted, a 
36-MHz bandwidth seems terribly wide, but this is 
the bandwidth allowed for satellite transponders of 
common carriers (AT&T, GTE, MCI, and so forth). 

At the transmitter, there are ways to improve 
the postdetection S/N such as encoding tech- 
nigues* and, for FM, preemphasis. However, some 
types of demodulators, in particular an FM discrim- 
inator (a noncoherent detector), have a ‘‘thresh- 
old” that we must exceed or pay a heavy pen- 
alty—as much as 20dB of degradation in an 
already poor S/N (see Figure 9-35). 

Assuming the ideal, low modulation index, 
FM threshold characteristic of Figure 9—35, the re- 
ceived signal level required to barely exceed FM 
threshold is 


S, (threshold) = —161dBm + 10 log B + NF(dB) 
(17-11) 


where —174dBm + 13dB = —161dBm puts 
the predetection signal just above the knee at C/N 
= +13dB. Equation 17-11 also gives the re- 
ceived signal level required to achieve a demodu- 
lator output S/N of +33dB. For signals stronger 
than this FM threshold, the output S/N increases 
linearly with the increase in S,. 


*Up to 6dB coding gain for convolutional coding (K = 


24, R = %) when sequentially decoded. 
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G/T 


A very useful receiver system noise performance 
parameter is the G/T ratio. This parameter is often 
specified for satellite earth stations instead of sig- 
nal-to-noise ratio because It is independent of the 
receiver bandwidth. G is the receiver antenna 
power gain, and 7 is the system noise tempera- 
ture. The ratio is expressed in decibels by 


G/T(dB/K) = 10 log G/T (17-12) 


From equation 1/—9 we see that the received 
signal strength is directly proportional to the re- 
ceiver antenna gain G,. The noise contribution of 
the receiver is given by the noise figure ratio NR 
or, equivalently, by the system noise temperature 
Ty; The receiver noise temperature is 7, = 
T(NR — 1), where 7, = 290°K by convention. 
Indeed, one reason that noise temperature is used 
instead of noise figure is to avoid the arbitrary 
290°K reference temperature that often is invalid 
in satellite-earth applications. 

When noise temperatures are specified for 
receiver components, the system noise tempera- 
ture Is found from 


Te V3 
log = lg 5 ee 
G, GG, 
Ten 
ee NF 1) 
G,G,* + *G,_, 


where 7,, includes the sum of antenna noise tem- 
perature (including space noise and any feed-in de- 
vice noise) and receiver noise temperature. G, is 
the power gain of the receiver’s RF amplifier, less 
feed-in and input filter losses. Notice the simplic- 
ity of equation 1/—13 compared to the noise fig- 
ure formula (equation 5-17). 

When the system noise temperature is 
known, the noise spectral density needed to cal- 
culate the £,/N, ratio is found from 


N, = kT,.B (17-14) 








PROBLEMS 


Problems 


1; 


a. Sketch the BPSK modulator of Figure 1/7— 
4 and show the complete data current 
path when a digital 1 is applied to the 


input pin. 


b. Using dashed lines, show that a --RF 


phase on the secondary of 71 will be con- 
nected to the top lead of 72. 


Repeat problem 1 for a digital O input and 

show the phase reversal. 

Starting with “1° as the first transmitted bit, 

101001011110 is to be encoded for differ- 

ential PSK transmission. 

a. Assuming that the initialization bit to the 
encoder is a O, determine the NRZ en- 
coded data sequence (refer to Figure 17— 
7). 

b. Determine the transmitted DPSK phase 
sequence from the Figure 1/—/ trans- 
mitter. 


Determine the output TTL data sequence for 
the DPSK demodulator of Figure 1/—8 if the 
input phase sequence is OmmOmmOO0000T. 
(The zero is the first received phase, and the 
initialization phase at the delayed input to the 
phase detector is also zero degrees.) 


a. Sketch the QPSK constellation defined by 
(00) = —45°, (01) = +45°, (11) = 
~- 135°) and 410) = — 135". 

b. For the data sequence of problem 3 and 
constellation of part a, write the output 
phase sequence. 


. If QPSK modulation is used, a transmission 


line capable of 1800 phase-states/sec can 
transfer a computer-to-computer information 
rate of 





. One carrier recovery technique for OPSK de- 


modulation uses a 4 /filter/+4 scheme. 
The same technique for BPSK uses X2. 
What does the (nonlinear) multiplication 
produce? 


10. 


has 


12, 


12s 


14. a. 
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What advantage does differential-OPSK have 
over OPSK? 


a. Reverse the diodes in the schematic of 
Figure 17-14 and determine the new 
OPSK constellation. 

b. Change the 90° phase shifter in Figure 
17-14 to —90° and determine the new 
QPSK constellation. 

Calculate the theoretical information density 

for the following: 

a. OPSK b. 8-PSK 

d. 16-QAM e. 64-OAM 

Identify, with a few letters and numbers, the 

constellations of Figure 1/—32. 


c. 4-OAM 


x x xX xX X X 
x xX x x K xX 
x X x x xX X 

x x B X¥ x xX x 

geo *s 

x x . . 

x Xx 
x x 
Xx Xx x x 
x 
D. xX 


FIGURE 17-32 


a. Show the ‘‘tribits’’ for the data sequence 
of problem 3. 

b. Write the corresponding transmitted 
phase sequence for the 8-PSK constella- 
tion of Figure 1/—26. 

Referring to the distances d and / of Figure 

17-26, compare the 16-QAM of Figure 1/— 

25 to 16-PSK. Make the amplitude of the 

maximum transmitted signal voltage A the 

same for both systems. Put the ratio of h/d 

in dB for comparison. 

If the maximum transmitted vector in the 
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16. 


16. 


17. 


18. 


16-QAM constellation of Figure 17—25 is 
100 V rms, determine the long-term av- 
erage power transmitted from a 50-Q an- 
tenna if each point in the constellation is 
equally likely to be transmitted. Note: the 
answer must be less than 100*/50Q = 
ZOOW. 


b. Show the amount (in dB) by which the 
QAM power can be increased to make 
the average transmitted power equal to 
Pak. 

A 16-QAM system must maintain less (bet- 

ter) than a 10°” BER. What is the minimum 

allowable receiver carrier-to-noise ratio? 


a. Compare the error-rate performance for 
8-QAM and 8-PSK with a C/N = 18cB. 


b. How many errors are expected to occur 
for each if 10 megabits of data are 
transmitted ? 


PCM is modulated on a microwave carrier as 

8-PSK. 

a. What is the theoretical C/N (in dB) nec- 
essary at the receiver in order for the sys- 
tem to make only one error in 100,000 
bits ? 

b. How many more dB of system gain is re- 
quired of 16-PSK for the same BER? 

An FSK system must maintain less than a 


107° BER. What is the minimum allowable re- 
ceived E,/N,? 


19. a. Compare the error rate performance for 


coherent and differential PSK (binary) for 
a system — energy/bit-per-noise-density 
ratio of 7dB. 


20. 


21. 


22. 


Dds 


24. 


oe, 
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b. How many errors are expected for each if 
10 megabits of data are transmitted? 


Draw the FCC mask using actual frequencies 

for a 6-GHz microwave transmitter output 

spectrum. 

a. Explain frequency diversity. 

b. Explain space diversity. 

What is the minimum recommended distance 

in meters for antenna separation in a 2-GHz 

space-diversity receiving system. 

An SBS satellite is 22,300 miles from an earth 

station. The earth station transmitter power 

output Is 1kKW at 6GHz. Fifty meters of 

EWP52 waveguide (4dB/100 meters) is used 

for the antenna feed, and the branching 

losses are O.7dB (circulators and VSWRs). 

Determine: 

a. The effective radiated power (with re- 
spect to isotropic) from the 5-meter di- 
ameter microwave dish. 


—b. The power at the satellite transponder 


input if the receiving antenna is 1.2 me- 
ters In diameter, branching loss is 3dB, 
and EWP52 waveguide is 1 meter. 


A receiving system with noise temperature of 

200°C and 22-MHz IF bandwidth receives an 

FM transmission of — 100dBm. 

a. Determine the C/N (dB). 

b. Would a discriminator be operating above 
threshold? 

What is the G/T rating for a 4-GHz receiving 

system with a 2.3-dB system noise figure and 

a 30-meter diameter, 55-percent efficient mi- 

crowave dish antenna. 
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Introduction 


Communicating by light goes back as far as eye- 
sight. Indeed, modulation of a light source in a clas- 
sical communication link, including the use of a 
code, has been practiced by the military for cen- 
turies. This system, called ‘flashing light signaling,” 
is still used today. The modulation consists of a 
high-intensity lamp with a parabolic reflector for fo- 
cusing and a shutter system that is opened and 


13-1 


THE OPTICAL FIBER 
COMMUNICATION LINK 


Like all communication links, the fiber-optic link 
consists of a transmitter, transmission medium (op- 
tical fiber), and a receiver. Figure 18-1 shows the 
basic block diagram of the system. Systems such 
as local telephone distribution have a huge number 
of terminals (transmitters and receivers) and oper- 
ate over relatively short distances. These systems 
will use highly reliable, inexpensive light-emitting 
diodes (LEDs) as the light source with simple, in- 
expensive coupling mechanisms. Wideband, long- 


Signal 
conditioner 
(encoder for 
. put digital) 
information 
signal 


Fiber/ 
detector 
coupling 


FIGURE 18-1 
fiber link. 
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closed according to the Morse code. The receiving 
operator reads the light flashes to decode the mes- 
sage. The information rate of this system is, how- 
ever, mechanically and physiologically limited and 
the decoding not easily automated. 

The invention of lasers in the late 1950s stim- 
ulated interest in communication by light, and the 
development in 1970 of optical fibers with only 
20dB of loss per kilometer (compared to more than 
1000dB/km previously) spurred the proliferation 
of fiber-optic guided, light communications tech- 
nology. 


haul links will take advantage of the high-power co- 
herent laser light source. 


18-2 
LIGHT 


Light is one of nature's most important information 
carriers. The human eye can detect electromag- 
netic energy in the frequency range of 4.3 X 10” 
Hz to about 7.5 & 10 Hz, wherein the lower fre- 
quency Is identified as red and the higher as violet. 
It is the potential bandwidth of this information car- 
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rier that makes optical communications so impor- 
tant. As an example, a 100;000 GHz (10 Hz) car- 
rier in a 10-percent bandwidth system could carry 
10,000 gigabits/sec of data—the equivalent of 
833,000 TV programs or more than a billion analog 
telephone conversations (77.7 million conversa- 


tions ina T1 PCM format). The theoretical potential 
exists for linking the entire world together on a sin- 
gle optical communication line. 

One of the technological constraints in deal- 
ing with light is our ability to fabricate small enough 
circuits such as integrated optical circuits. From A 
= v/f we compute that the wavelength of light 
identified as red is about 0.7m (micrometers or 
microns). Obviously, we can't use photolithography 
(light) to make sharp printed-circuit tracks with 
submicron dimensions. However, shorter-wave- 
length sources such as X-rays are being used (X- 
ray lithography). 

The light wavelengths being used in fiber- 
optic systems include 0.77—O.86um and 1.1—1.6 


EXAMPLE 18-1 


f 
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uum, with the most popular being 0.82-, 1.3-, and 
1.55-um. Since 0.82um can also be written as 
820nm (nanometers) or 8,200A (Angstroms, 107° 
meters), you can see that dimensions are ap- 
proaching atomic levels. 

The amount of energy U in light is propor- 
tlonal to its frequency. 


U = hf (18-1A) 


U = hv/r (18-1B) 


where h = 6.626 X 10°™ Joule-seconds is 
Planck's constant and v is the velocity of 
propagation. 

One Joule is 1 Watt-second of energy, and 
1.66 X 107" Joules is 1 electron volt (1 eV) of 
energy. There still exists the unresolved duality of 
light; that is, some light behavior is best described 
by wave phenomena, whereas particle behavior, 
due to a packet of energy called a photon, best 
describes other light behavior. 


1. Determine the energy in a photon of red (0.82-um) light in free space. - 
2. Determine the power for a O.1-microsecond burst of this red light. 


Solution: 


iy 


= 6626 X 10° (Joule-sec) X 3 X 10° (m/s)/0.82 um 
2.42 X 107 '* Joules/photon = 1.5 eV/ photon. 


2. P = U/t = 242 X 10°~” Watt-seconds/10~’ sec = 2.42 
picoWatts. 


LIGHT PROPAGATION IN GLASS 
FIBERS 
Critical Angle and Reflections 


In the dielectric medium called free space, light 
propagates at a speed of about 3 & 10° meters/ 





second. In water this velocity is reduced by about 
25 percent, and in various types of glass light Is 
about 33 to 47 percent slower. The index of re- 
fraction is, from equation 15-25, n = c/v,. Thus 
n is seen to be inversely proportional to the prop- 
agation velocity in the medium. Table 18-1 gives 
values for various materials. | 

A waveguide for propagating light can be 
made from a strand of glass the thickness of a 
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TABLE 18-1 /ndex of refraction for 
various materials 


Vacuum 
Water 
Glass (approximately) 


Fused Quartz 

Diamond 

Silicon 

Gallium Arsenide (GaAs) 





human hair. When light is coupled into the fiber 
end, it will propagate by waveguide action, reflect- 
ing back and forth off the sides of the waveguide. 
However, the waveguide we are considering Is not 
surrounded by a mirror-like conductor, but rather 
by a dielectric with a different refractive index from 
that of the fiber core. 

When a single electromagnetic wave Is Incl- 
dent on a smooth interface separating the fiber and 
surrounding medium of different refractive index, 


EXAMPLE 18-2 
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the wave will either be totally reflected back into 
the fiber, or partially reflected and partially re- 
fracted, with part escaping from the fiber core. Fig- 
ure 18-2 illustrates these two possibilities. Snell's 
law is used to determine the critical angle of inci- 
dence @,,. This is the smallest angle from the nor- 
mal for which total reflection occurs. The critical 
angle occurs when 8, = 90°. At this angle, the 
refracted wave travels parallel to the interface. 
Snell’s law as derived in chapter 15 is expressed 
by equation 15-22, n, sin 8, = n, sin 6,. Since sin 
90° = 1, the critical angle of incidence, Is 


é. = sin’ in /n,) (18-2) 


C4 


Please note that, for total reflection of the incident 
light, n, must be less than n,. This is because 
sin 8, = n/n, <1 for total reflection. Note also 
that Snell’s law shows that when total reflection 
occurs and the light stays in medium 1, the angle 
of reflection is equal to the angle of incidence be- 
cause “n,"’ = 1, in this case. 


What is the critical angle beyond which an ideal underwater light source will 


not shine into the air above? 


Solution: 


6, = sin~' (1.0/1.33) = 48.6°. 


Ny in ro, 
| 
| 
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ee Dice 

| 

Fiber core 


FIGURE 18-2 Angles for refraction or total 
reflection. 





Optical fibers for communication applications 
are made typically with a glass core of n; = 1.5 
and surrounded (‘‘coated,”’ if you will) with glass 
or plastic of slightly lower refractive index—n, = 
1.485 is common. This gives the fiber a large value 
for the critical angle of incidence (81.9°). 


Numerical Aperture and Reflectance 


The three most important factors that limit the use- 
fulness of fiber-optic Communication systems are 
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input coupling of the light, power losses in the 
fiber, and waveguide dispersion that limits system 
bandwidth. Input coupling and dispersion are af- 
fected by the numerical aperture of the fiber. 

The amount of useful light that can be cou- 
pled into a fiber is limited by the numerical aperture 
and reflectance. Of the light arriving at right angles 
to the face of the fiber, about 96 percent enters 
the glass fiber and 4 percent is reflected. Hence, 
for two fibers coupled across an airgap, there will 
be about 8 percent of power loss due to the re- 
flectance or reflectivity of the glass-air interface. 
The reflectivity of the glass surface is found from 


es (a -_ i} 
reflectivity = | ———— (18-3) 
ot 
where n, = 1 for air. 

Numerical aperture is a measure of the max- 
imum angle of acceptance at the input for light 
rays that can be totally reflected inside the fiber. 
This does not mean that. all rays within this angle 
will propagate down the waveguide, however. The 
acceptance angle 0,, is illustrated in Figure 18-3. 


Cone of 
acceptance 





Fiber core 





Reflectance 
9. (max) 


FIGURE 18-3 _ Light entering optical fiber inside the 
cone of acceptance defined by 6,,(max) will be totally 
reflected at the core-cladding interface and propagate 
in the fiber core. 


Snell’s law and some geometry will show that the 
numerical aperture can be determined for input 
from air (n = 1) by 


NA = sin 6,, (max) = Vm — 1% 


(18-4) 
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If the input medium is not air, then the result of 
equation 18-3 must be divided by rn of the input 
medium. Note from Figure 18-3 that 6,, defines a 
solid cone of accepted light rays. 

When devices with different NAs are coupled 
closely, a power loss proportional to the square of 
the NA ratio is incurred if the receiving NA is 
smaller. This is given by 


NA loss = —20 log (NA,/NA,) (18-5A) 


where NA, > NA,. When coupling from a small- 
diameter LED to a larger-diameter, step-index fiber 
with NA,, the loss will be 


NA loss = —20 log NA, (18-5B) 


Another factor that determines the amount of 
power accepted by the fiber is the relative cross- 
sectional area of the fiber compared to the source 
device. If the fiber cross-sectional area A, is smaller 
than that of the light source* cross-section A,, 
then the lost power is proportional to the ratio of 
areas: 


P, = PJA;/A) (A;< A,) (18-6A) 
or. P; = PLD./DY (18-6B) 
or loss = —20 log {(D,/D, (18-6C) 


This loss is unity (OdB) if the receiving fiber (or 
other device) is larger than the source. These equa- 
tions show that large fibers with large NAs are ef- 
ficient. However, large NA and diameter can result 
in large mode-dispersion in the fiber waveguide. 


Optical Fiber Waveguides 


The optical fiber waveguide discussed thus far Is 
assumed to have a core with constant index n, sur- 
rounded by a cladding material of lower index np. 
This type of fiber waveguide is called step index, 


*Equations 18-5 and 18—6 assume a Lambertian type 
of radiation pattern. A light source is Lambertian if the 
power-versus-radiation angle follows a cosine relationship, 
P\6) = P, cos 8. This type of power decrease with angle 
from the normal is typical of light reflected from the surface 
of this page with a small light source directly overhead. 
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FIGURE 18-4 § /ndex profile for step-index fiber. 


and the index profile is shown in Figure 18—4. No- 
tice the characteristic step change in refractive 
index from core to cladding. 

Recall from chapter 15 that not all rays within 
a waveguide will propagate. Only those at certain 
discrete angles, for which the phase of the twice- 
reflected wave is the same as the incident wave, 
will propagate. The particular electric and magnetic 
field configurations which satisfy all the necessary 
conditions are called modes of propagation. 

If the diameter D of the core is small 
enough—on the order of one or two wave- 
lengths—then only a single mode will propagate in 
the waveguide. This dominant mode is an HE,, 
mode; not a purely TM or TE mode, it is rather a 
hybrid mode in which neither the longitudinal elec- 
tric nor magnetic fields are zero. The hybrid modes 


B/B, 


_— 
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FIGURE 18-5 Optical 
fiber waveguide propagation 
modes for a step-index 

fiber. (From D. B. Keck, 
Fundamentals of Optical 
Fiber Communication. Edited 
by M. K. Barnoski, 
Academic Press, 2nd ed., 
1981, p. 18.) 
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are designated as HE or EH, depending on whether 
the longitudinal component of H or E makes a 
larger contribution to the transverse field. 

The number of modes that can exist in a 
step-index fiber waveguide of core diameter D has 
been determined by numerical methods and can be 
found from a plot by Gloge, Figure 18-5. The hor- 


_ {zontal axis is written in terms of a normalized fre- 


quency determined from fiber parameters as 


V = Da\NA)/A (18-7) 


where A is the free-space wavelength of the light. 
Figure 18-5 assumes the typical fiber waveguide 
that has a small percentage of difference in n, with 
respect to n,. This core-cladding index difference 
is usually written as 


A = (n, — n/n, (18-8) 
and for the typical optical fiber 
NA =~ n, V2A (18-9) 


Please notice in Figure 18—5 that for single- 
mode propagation V = 2.4, otherwise multimode 
operation exists. You may remember the impor- 
tance of the value 2.4 in regard to the Bessel func- 
tions (Figure 9-5) used for FM. The connection 
here is that Bessel functions are needed to solve 
the field equations for cylindrical waveguides. 





V=mD(NA)/d 
Normalized frequency ; 
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EXAMPLE 18-3 


905 


A fiber-optic waveguide will have a core of index 1.5 and cladding 1.485. 


1. How many modes will propagate if the core diameter is 444m and a 
820-nm light source is used? 
2. What is the maximum core diameter for single-mode propagation ? 


Solution: 


NA = (1.5)? — (1.485)? = 0.21. 


1. V = 4n(0.21)/0.82 = 3.2. From Figure 18-5, 4 modes will propagate 


(Hea. PT Esa (lage AE). 


2. Di(max) = 2.4(0.82)/(0.217) = 2.98 um. 


Multimode operation has the advantage of 
propagating greater power than does single-mode. 
However, pulse spreading due to modal dispersion 
limits the pulse and information rate. 


Bandwidth-Distance Product | 


Fibers with large numerical aperture and large di- 
ameter will allow more light power to propagate. 
Both factors allow more useful light to be coupled 
into the fiber, and a large diameter allows more 
modes to be excited and carry energy. However, 
step-index fibers with large diameters are very lim- 
ited with respect to a very important information 
capacity parameter in communication applica- 
tions—the bandwidth-distance product (in MHz- 
km). Various distortion effects in step-index fibers, 
primarily intramodal dispersion, limit the band- 
width-distance product to about 2OMHz-km. 

A 20MHz-km limitation means that a 10-km 
(6.2-mile) fiber-optic link with no repeaters will 
have only 2MHz of bandwidth. Small-diameter fi- 
bers with single-mode propagation can have a 
bandwidth-distance product three orders of mag- 
nitude greater so that only power limits the 
repeaterless-link distance. 

A special fabrication process that produces a 





graded-index core can yield a bandwidtn-distance 
product in excess of 2GHz-km (two orders of mag- 
nitude over step-index multimode) and yet allow 
the higher power-carrying capability of large- 
diameter multimode operation. Graded-index fibers 
are discussed under “‘Fiber Technology.” 


Dispersion and Pulse Spreading 


With power losses in optical fibers now below 
1dB/km, the principle limitation to the use of 
guided light for high-speed data communication is 
the distortion of light pulses due to dispersion in 
the fiber waveguide. 

Just as in the case of a metal waveguide, dis- 
persive mechanisms in glass fibers cause distortion 
of the transmitted signal due to the variation of 
propagation velocity for different frequencies in the 
transmitted signal. This is called intramodal or 
chromatic dispersion and is the same as group 
delay distortion in metal waveguides. The source 
of this dispersion is nonlinear propagation velocity 
versus wavelength of the fiber material, thus the 
name material dispersion. This source dispersion 
tends to be worse in fiber-optic systems because 
lignt sources like LEDs and lasers rarely produce 
only one output wavelength. 
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While better for lasers than for LEDs, the dif- 
ferent light components on both sides of the main 
signal are much stronger with light sources than for 
their microwave counterparts. Thus, the source 
linewidth or spectral width, illustrated in Figure 
18-6, is not just random noise, as is typical of mi- 


ano] Source linewidth 
or spectral width 





Wavelength or 
frequency 


FIGURE 18-6 Spectrum for LEDs. 


crowave oscillators. Rather it consists of spurious 
wavelengths that remain with the transmitted pulse 
and, because of the wavelength-dependent disper- 
sion of optical waveguide materials, will result in a 
received light pulse that is wider (pulse spread) 
than the one transmitted. Communication systems 
are often operated at 1.3m because most optical 
fibers have minimum chromatic dispersion at this 
wavelength. 

A more serious dispersive mechanism for 
large-diameter, step-index fibers is intermodal or 
simply modal dispersion. Each mode excited by a 
spectrally pure light source will have the same fre- 
quency and free-space wavelength. However, as 
illustrated in Figure 18-7, each mode has its own 
distinct propagation angle in order to satisfy 
boundary conditions. Consequently, higher-order 






wins 


FIGURE 18-7 Higher-order modes (shown as 


steeper rays) take longer to propagate through the 
fiber. 
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modes with their steeper angles must travel a 
greater distance over a given length L of fiber. 

For a given digital data pulse, the pulse of 
light at the receiver, due to low-order modes, ex- 
tinguishes at the end of the pulse period 7,, but 
the light from the highest-order mode is still arriv- 
ing at the detector and finally extinguishes 7,, SeC- 
onds later. The amount of pulse spread can be de- 
termined by tracing the light rays for each mode 
and calculating the propagation time over that 
path. The results of such an analysis yields a pulse 
spread of 


T ps = ane A/c (18-10) 


Maximum Allowable Data Rate 


The maximum data rate for a digital fiber-optic link 
may be determined from the pulse spread per unit 
length 7,,/L. If very narrow return-to-zero (RZ) data 
are transmitted, as shown in Figure 18-8, then the 
allowable pulse spread is one period; that is, if the 
pulse spread is 7, the “zero” will be received as a 
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FIGURE 18-8 Pulse spread causes errors in digital 
data transmission. 
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‘‘one.’’ Hence, the maximum bit (baud) rate is 


f,(max) = 1/7,, (18-11) 


for a narrow RZ format. As an example, if the total 
dispersion of a fiber is known to be 100ns/km at a 
given operating wavelength, then the maximum 
baud rate for a 10-km link will be 1/(100ns/km X 
10km) = 1Megabit/second. Or, if 1OMbps of RZ 
data is to be transmitted with this optical fiber, re- 
peaters must be placed at least every kilometer 
(0.62 miles). If the RZ pulse is not very narrow, 
then the exact expression, T,, = 7, — 7/2, should 
be used. 

Suppose, on the other hand, that the typical 
NRZ format is used, and the receiving terminal 
samples received data at the midpoint of each bit. 
In this case the pulse spread can only be half as 
long before errors occur, and the data rate or the 
distance must be cut in half. Note further that 
noise jitter will increase the probability of error (bit 
error rate) over and above this consideration. 
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Absorption is primarily due to the presence 
of water ions (OH™) and transition metal impurities 
in the glass material. The peak at around 0.88 mi- 
crons, and the large ones at 0.95 and 1.4 microns 
in Figure 18-9 are due to OH ions. Figure 18-9 is 
typical for attenuation-versus-light-wavelength in 
low-loss optical fiber. Notice that the loss trend at 
shorter wavelengths follows a 1/A* relationship. 
This type of loss is caused by light scattering in the 
material due to tiny inhomogeneities frozen into the 
glass during its manufacture. Another scattering 
mechanism, called waveguide scattering, is due to 
irregularities at the core-cladding interface. 

Fiber bends of less than about 10 cm (radius 
of curvature) will cause light rays to leave the core, 
pass through the cladding, and be lost due to ra- 
diation. Another source of radiation loss is caused 
by microbends that develop when the fiber Is 
packed into reinforcing cables. Small axial distor- 
tions cause coupling from one mode to another. 
Coupling into too high a mode (ray angle) will also 


A 10-km long, 50-wm diameter glass fiber with n, = 1.5 and n, = 1.485 is 
to transmit RZ data pulses. Determine the pulse spreading per unit length and 
the maximum allowable data rate. 


Solution: 


From example 18-3 we know that this wide-diameter fiber will have many 
more than 4 modes propagating. Therefore, multimode operation exists on 
this step-index fiber. From equation 18-10, the modal dispersion can be ex- 
pressed in terms of T,,/L = n, A/c = (n, — n,j/e = 0.015/3 X 10°km/s 
= 5Ons/km. This will be orders of magnitude more than other dispersion 
effects. 

The maximum data rate for a 10-km link with very narrow RZ pulses 
can be f, = 1/(50ns/km X 10km) = 2Mbps. 





Fiber Power Losses | _ 
result in loss due to radiation or, at the least, prop- 


agation in the cladding. 
Other losses at cable interface connections 
are discussed later for specific connections. 


Power loss or signal attenuation in an optical fiber 
is caused by impurity absorption, scattering, and 
radiation loss. 
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FIGURE 18-9 


18-4 


TRANSMITTER DEVICES AND 


CIRCUITS 


The most commonly used light sources for fiber- 
optic communication are solid-state devices, as 
opposed to very high-power gas lasers. The three 
most important devices are the light-emitting diode 
(LED), the injection laser diode (LD), and the Neo- 
dymium: Yttrium Aluminum Garnet (Nd:YAG) solid- 
state laser. 

All three of these light sources can be inten- 
sity (power level)-modulated by varying the input 
drive current. The LED produces noncoherent 
emissions; laser output waves are coherent. To 
produce the coherent light, laser structures include 
an optical resonant cavity, one end of which is 
highly reflective, the other partially reflective and 
partially transmissive. The resonant cavity provides 
for wavelength selectivity and higher transmitted 
power. Consequently lasers have good power in a 
narrow spectral width and can be used for single- 
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Power loss in typical optical fibers. 


mode operation with small-diameter, step-index fi- 
bers, whereas LEDs must be used with graded- 
index fibers for high data-rate systems. 


Communication LEDs 


Light-emitting diodes (LEDs) made especially for 
optical communication systems usually have one of 
two structures similar to those illustrated in Figures 
18-10 and 18-11. Figure 18-10 is a schematic 
representation of a Burrus surface-emitting LED, 
named after its pioneer, C. A. Burrus at Bell Labs. 
The doped gallium arsenide (GaAs) pn junction is 
forward-biased by applying a dc potential differ- 
ence across the metal contacts. When the poten- 
tial is high enough, the electrons and holes will 
have enough added energy to enter the depletion 
region, where some recombine in the usual way to 
produce heat, and some recombine radiatively to 
produce light. The fraction of the recombination 
process that produces light is called the interna/ 
quantum efficiency. 

The wavelength of the light produced is de- 
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termined from equation 18—1B, where the energy 
U is approximately that of the material bandgap 
energy that for GaAs is 1.43eV. Since this pro- 
duces X = 0.905um that falls in a high-attenuation 
region for most fibers, dopants such as aluminum, 
indium, and phosphorus are added to change the 
bandgap energy. As an example, adding about 7 
percent aluminum (AlGaAs) will increase the band- 
gap energy enough that light at the popular A = 
O.82um is radiated. For 1—1.7-um light, indium 
and phosphorus are added (InGaAsP). 

By etching a well through-the top substrate 
and attaching a microlens, or by bonding a fiber 
directly as shown in Figure 18-10, the light may 
be guided to an output connector. A short length 
of fiber, called a pigtail, is provided for this pur- 
pose. Units with output power exceeding 1 mW 
are available. 

The LED illustrated in Figure 18-11 Is a stripe 
contact edge-emitting structure. The metalization 
for the upper contact is applied after a stripe has 
been etched in the silicon dioxide passivation (iso- 
lation) layer. The active recombination region will 
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p-AlGaAs 
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pn junction 
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FIGURE 18-10 Burrus 
etch-well laser diode. 


FIGURE 18-11  Striped- 
contact, edge-emitting 
structure for fiber-optic LED 
or laser. 


now be a waveguide channel confined between 
two different alloy layers above and below. This is 
referred to as a double-heterostructure (DH). A 50- 
yum stripe width will provide an appropriate channel 
dimension for coupling from the cleaved.edge to 
typical 5O—100-um, graded-index fibers. 


Injection Lasers 


Like LEDs, lasers depend on the spontaneous emis- 
sion of light when high-energy (excited) electrons 
in the conduction band drop to the lower-energy 
valence band. In semiconductor laser diodes, 
enough electrons are injected into the depletion re- 
gion by a high forward-bias that most of the low- 
est-conduction states are filled, thereby producing 
a population inversion of excited states. At this 
point enough spontaneous emissions exist to stim- 
ulate transitions to the lower-energy valence band, 
and the light radiated due to stimulated emission 
will be in-phase with the incident light. 

The active area of the diode is confined in a 
cavity of optically reflective surfaces so that the 
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coherent in-phase light energy can build up by res- 
onant feedback—that is, light amplification of 
stimulated emissions. One end of the cavity has a 

partially transmissive (and partially reflective) sur- 

face to allow coupling to a fiber. Tens of milliwatts 
CW of light with very narrow spectral width (about 

1 nm) and beam width (5-10 degrees) are typical 

for semiconductor laser diodes. 
The double-heterostructure of Figure 18-11 
is used for injection laser diodes (ILD). As seen in 
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FIGURE 18-12 Double-heterostructure diode 
power versus bias. 
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Figure 18-12 the stripe contact edge-emitting DH 
structure can be used noncoherently as an LED for 
biases up to the lasing threshold /,,, whereupon 
stimulated emissions produce coherent laser 
action. 

The Neodymium: YAG laser is produced with 
a solid-state rod, rather than the semiconductor 
diode of the injection laser. The Ng:YAG rod is cut 
to an appropriate length for in-phase feedback 
from the mirrored and semi-mirrored end surfaces. 
A flashlamp pump is included in the housing and 
either parallels the Ng:YAG rod or is wrapped in a 
helix around it. The flashlamp emits light into the 
rod to excite electrons and produce an excited- 
state population inversion necessary for lasing. The 
Ng:YAG device is the most widely used of the 
solid-state family of lasers. (Solid-state and semi- 
conductor lasers are in separate families.) 


Modulation of Transmitters 


The linearity of the LED and ILD sections of the 
power curve (Figure 18-12) allows for power- 
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FIGURE 18-13 20-megabaud fiber optic transmitter. 
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(amplitude-) modulation of these devices. The bias 
current level can be pulsed for digital amplitude 
shift-key (ASK) or on-off key (OOK). For analog 
AM, the current level is varied from a fixed bias 
level. 

An LED transmitter showing the diode and 
Current drive circuitry is shown in Figure 18-13. 
This is a 20-M baud (NRZ data) fiber-optic trans- 
mitter from Motorola's book, Optoelectronic De- 
vice Data. Input data is shaped in two high-speed 
NAND gates, and the output of U2 controls the 
base current to the MPS6515. When the U2 out- 
put is low, D, conducts and base current is 
shunted through U2 so the LED will be off. When 
U2 is high, D, is back-biased and full base current 
allows the LED to conduct. C, improves the rise 
time of the drive circuitry while the differential am- 
plifier scheme is nonsaturating and fast like ECL 
logic. The 2N4400 is a constant current source 
— that is partially temperature-compensated by the 
1N914 diode in its base circuit. 

For laser modulators with digital OOK modu- 
lation, the “off current is usually set just below 
lasing threshold (as opposed to zero) in order to 
reduce the switching current range. The drive cir- 
cuitry is much more complicated for lasers than for 
LEDs because of the temperature sensitivity of the 
threshold current and power linearity due to the 
changes in internal quantum efficiency with 
temperature. 


18-5 


RECEIVER DEVICES AND 
CIRCUITS 


The most important devices used for detecting 
light in fiber-optic systems are the PIN (positive- 
intrinsic-negative doped) diode, the avalanche pho- 
todiode (APD), and the phototransistor (including 
photo-darlingtons). For small size, high sensitivity, 
fast response time, and low noise, silicon photo- 
diodes are used. 


511 
Photodiode Light Detectors 


A simple photodiode structure Is illustrated in Fig- 
ure 18-14. The received light passes through an 





FIGURE 18-14 PIN adiode structure. 


antireflective, transparent glass covering and into 
the depletion region of a reverse-biased pn junc- 
tion. If the light has more energy than the material 
bandgap, then the energy can excite electrons to 
jump from the valence band of the semiconductor 
material into the conduction band, thus creating 
hole/electron pairs. Photodiodes are operated with 
reverse bias so that when conduction electrons 
and holes appear, they are quickly attracted to the 
external circuit as current. 

The photodiode characteristics before and 
after light is received are illustrated in Figure 18— 
15, where /,, is the value of current (called photo- 
current) that can flow into a very low-impedance 
load. The ratio of current to incident light power is 
called responsivity. The diode leakage current at 
the operating reverse-bias voltage is called the dark 
current. 


PIN Photodiodes 


A PIN diode is like the normal pn junction just de- 
scribed except that the p and n regions are sepa- 
rated by a very lightly n-doped region that can be 
considered intrinsic (undoped). This structure al- 
lows for very low reverse-bias leakage current and 
relatively wide junction width to reduce junction 
capacitance, thereby improving response speed. 
Silicon PIN diodes are used extensively in the 
800-900 nm light range. They exhibit quantum ef- 
ficiencies from 30 to 95 percent, responsivity of 
about O.65uA/uW, and low noise generation. 
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FIGURE 18-15 
Photodiode I-V curve. 


Above 900 nm, InGaAs and germanium PIN diodes 
are used because silicon has very low responsivity 
for long wavelengths. The responsivity of InGaAs 
at 1300 nm is about O.6uA/uW, and about 0.45 
uA/uW for Ge. Also, germanium has notoriously 
high leakage (dark) current. 


Avalanche Photodiodes (APD) 


The avalanche mechanism of diodes can be utilized 
in a photodiode to greatly increase the number of 
conduction electrons and thereby improve the res- 
ponsivity. Such a diode has heavily doped pn re- 
gions and a narrow avalanche region. When re- 
verse-biased, the avalanche region in the pn 
junction has a very high electric field strength. A 
photogenerated electron can gain enough energy 
to knock valence electrons from their atoms (ion- 
ization) upon collision. This process can of course 
cascade, thereby multiplying the available current. 
As long as the multiplication process can be lim- 
ited, the device can be used as a photodiode. 


FIGURE 18-16 _ Basic 
receiver configurations. 


A. Dark junction. 
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B. Lighted junction. 


The major limitations to the use of APDs are 
the temperature sensitivity of the current multipli- 
cation and the electrical noise inherent in the ava- 
lanche process. However, APDs are often used in 
long-distance networks due to their high detection 
sensitivity. 


Receiver Circuits 


Fiber-optic receivers consist of the photodiode or 
phototransistor and operational amplifiers to in- 
crease the current gain and provide a compatible 
Circuit output level. The basic configurations (sim- 
plified) are shown in Figure 18-16. Figure 18—-16A 
shows a transimpedance amplifier with very low 
input impedance. The photodiode remains reverse- 
biased by a positive bias voltage (not shown) ap- 
plied to the plus input terminal. Any current from 
the diode /, flows through R, to produce the output 
voltage V, = LR, 

Any current generated by the photodiode in 
Figure 18—16B causes the voltage at the plus ter- 
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minal of the IC to go negative. Because of the 
feedback from output to the inverting terminal, the 
op-amp has unity voltage gain (but high current 
gain), so that V, = —/,R. 

Fairly simple digital data receivers can be 
made using integrated detector preamplifiers. The 
schematic for one such receiver using the Motorola 
MFOD404F and the LM311N voltage comparator 
is shown in Figure 18-17. This design from Mo- 
torola’s Optoelectronic Device Data is suggested 
for two-megabaud data rates. The integrated de- 
tector preamplifier, shown in Figure 18-18, has a 
10-Mbit/sec capability. 
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The components needed between transmitters and 
receivers in a fiber-optic link are fibers and/or ca- 
bles consisting of numerous fibers, connectors and 
splices, power splitters, and directional couplers. 


Fiber Technology 


A very common method for fabricating an optical 
communication fiber is to begin with a 1-meter 


The PIN photodiode of Figure 18-16A has a responsivity of 0.65 pA/uW and 


a dark current of 130 nA. 


1. Determine the resistor value that would provide 1 volt for a received 
signal of —33dBm. 
2. What will be the minimum output voltage? 


Solution: 


1. —33dBm = O.5pW so that |, = 0.65 X 05 = 0325"A. FR, = 


1V/0.325uA = 3.1M Q. 


2. The minimum diode current is the dark current. Thus V,(min) 


(130nA)(3.1MQ) = 0.4 V. 
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FIGURE 18-17 Fiber- 
optic receiver for digital 


data. 
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FIGURE 18-18 

Integrated detector/ 
preamplifier, Motorola Becca 
MFOD404F. package 


long, 10-mm diameter tube of very pure glass (sil- 
ica Or quartz) and dope the interior of the tube with 
precisely regulated quantities of silica and desired 
dopants. This is the vapor-phase oxidation method. 
Common dopants for the high-index core are ox- 
ides of germanium and phosphorus. After the core 
is formed, fluorine or boron oxide is used to form 
the higher-index cladding. The doped tube is then 
collapsed by heating, thus forming what is called 
the preform. 

Figure 18-19 shows the system whereby the 
solid preform is slowly fed into a high-temperature 
furnace. The tip of the melt is fed to a take-up 
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FIGURE 18-19 Optical fiber manutacturing. 
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Inverted 
output 


Noninverted 
output 


Gnd/Case 


spool which thereafter draws the fiber through the 
system. The fiber diameter is precisely monitored 
by light beams and a feedback signal to control the 
pull rate. A silicon or Kynar coating is applied to 
the fiber to protect the outer surface. The final 
length of monofilament fiber is about 1 kilometer. 

If a core with a single refractive index is 
formed, a step-index fiber is produced. Graded- 
index fibers are made by varying the dopants dur- 
ing the preform deposition stage to form a contin- 
uous gradation of index from low to highest at the 
very center of the core. 

Refractive index versus radius for the step- 
and graded-index fibers are shown in Figure 18— 
20, along with a two-step index fiber called the W- 
index guide. The W-index profile guide allows sin- 
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FIGURE 18-20  /ndex of refraction profiles. (A) 
Step-index. (B) Graded-index. (C) W-index. 
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gle-polarization propagation instead of the usual 
randomly polarized light transmissions. 

After the fiber is formed and coated it is usu- 
ally covered with a polyethylene jacket, and then 
encased in a Kevlar yarn braid. This amazing ma- 
terial has a tensile strength approximately equal to 
steel. This single-fiber cable is covered with a pro- 
tective jacket made of polyethylene, polyurethane, 
or polyvinyl chloride (PVC). 

Multifiber cables have various configurations. 
Some are made by slipping individual fibers with 
their first polyethylene jacket loosely into plastic 
buffer tubes that are either (1) connected laterally 
in ribbons (ribbon cable), or (2) grouped in bundles 
of two to more than a dozen, or (3) aligned in a 
circle around a single Kevlar or other tensile 
strength member, with the entire package encased 
in a PVC jacket. 

Another cabling package used by Western 
Electric is illustrated in Figure 18-21. This package 
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has 12 ribbons of 12 close-packed coated fibers. 
These 144 fibers are then wrapped in paper, en- 
cased in a polyethylene jacket and a Kevlar-type 
braid that is surrounded by steel wires embedded 
in a plastic protective sheath. There even exists a 
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mass splice for aligning all 144 individual fibers 
when cables longer than 1 km are needed. 


Connectors, Splices, and Couplers 


It may seem that coupling light from one piece of 
glass to another would be simple enough. How- 
ever, the power losses incurred when coupling 1- 
km lengths of fiber together usually exceed the at- 
tenuation over the 1-km length of glass unless 
great Care or an expensive connector is used. 

The sources of optical signal loss are listed 
here and illustrated in Figure 18-22. 


e Air gap A\jir gap losses include reflectance 
and loss due to diverging light rays. Reflec- 
tance has been discussed, and equation 18- 
3 is used to calculate this loss. As mentioned, 
each glass-to-air interface can result in 4-per- 
cent (0.18-dB) loss. The loss between air and 


Sheath 


FIGURE 18-21 
Electric fiber cable. 
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members 


GaAs sources and detectors, however, is 32 
percent (1.7dB). 

Diverging light rays can miss the core 
altogether or fall outside of the cone of ac- 
ceptance of the receiving fiber. Such a loss 
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FIGURE 18-22 Sources 
of optical signal loss. 
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of power, often referred to as end-separation 
loss may be calculated from 


Les = (n/a (0 
+ £€ tan sin (~)| (18-12) 


where D are the fiber diameters, @ is the sep- 
aration, and n is the media index of refrac- 
tion. (Sometimes the gap is filled with epoxy 
and other index-matching materials.) 


e Core diameter difference This was dis- 
cussed under ‘Numerical Aperture and Re- 
tlectance."” Equations 18-5 and 18-6 are 
used to calculate this loss. 


Axial misalignment Also called /ateral or ra- 
dial displacement. \f the displacement is as 
much as 15 percent of the smaller core di- 
ameter, the loss will be about 1dB. Displace- 
ment of 5 percent will keep the loss below 
O.3dB. 


Angular misalignment The formula is very 
complex and is a function of numerical aper- 
ture NA, refractive index of the separating 
medium, and of course the angle @. For typ- 
ical fibers with NA = 0.5 and 8 = 2 de- 
grees, the loss will be about O.5dB. 


End-surface roughness The ends of con- 
necting fibers must be highly polished (less 
than 0.5 um grit) if scattering losses are to 
be avoided. Also, the polishing must leave the 
end faces as flat and parallel as possible. The 
best way Is to use a sapphire or diamond 
scribing tool to nick the fibers, then pull until 
the fiber snaps. 


Even splicing two fibers by heating and fusing 
the glass can result in losses of around O.5dB; the 
waveguides simply do not maintain a perfect size, 
shape, and angle. Splicing by the application of 
special epoxies results in more loss but it is a rel- 
atively simple process. 

Various alignment techniques are used when 
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splicing. Mechanical alignment to various degrees 
of precision can be accomplished by wedging the 
fiber ends between three slightly deformable rods 
that are then secured with shrink tubing or a similar 
technique using precision spheres. The fiber ends 
can also be wedged into a V-groove slot and se- 
cured with a V-shaped top plate cover and shrink 
tubing. Again, the material used for the V-groove 
and cover should be soft enough to deform slightly 
for accommodating fibers of various diameters but 
not so soft as to allow the fiber ends to bend and 
crack each other or allow cold flow. 

Splicing techniques are numerous, ingenious, 
and important for communication links in excess of 
10 km. But for maximum system flexibility over 
short distances, such as local area network (LAN) 
applications, rematable connectors are used. 

Optical fiber connectors, like their RF-cable 
connector counterparts, allow for system flexibility. 
However, the mechanical tolerances are’ tighter 
than even precision microwave connectors, yet 
their losses are much greater. Basic connector 
types are either butt-coupled or lens-coupled. 

Spherical and hemispherical lenses are used 
to collimate the light rays to minimize power 
losses. This technique is used more for coupling 
LEDs, lasers, and detectors to fibers than for fiber- 
to-fiber connections. 

The most commonly used fiber connection 
technique is to butt the two fiber ends together 
with minimum gap and maximum alignment, while 
still allowing for remating when required. Tubes, 
sleeves, resilient ferrules, and the previously men- 
tioned alignment techniques are used. Threaded 
connectors such as the tapered ferrule/bushing 
type of Figure 18-23 are the most common. Part 
A shows the ferrule-mounted light source or de- 
tector, and part B shows the fiber-to-fiber connec- 
tor In which the slightly deformable ferrule slips 
very snuggly into the receiving bushing. 

The coupling of light from one or a few fibers 
into many (multiplexing) is accomplished with 
(among other techniques) the star coupler illus- 
trated in Figure 18—24A and B. The star coupling 
circuit symbol is illustrated in Figure 18-25. 
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FIGURE 18-23 _ Ferrule mounting and connectors. 
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The reflective star coupler is an enlarged sec- 
tion of fiber called a rod with numerous connectors 
on one end and a mirrored surface or other reflect- 
ing mechanism on the other. Light coupled into this 
‘“mixing’’ rod will be reflected to all of the connec- 
tions, including the transmitters. Clearly, only one 
transmitter should be on at a given time and all 
fibers will receive this signal. 

The transmissive star coupler offers isolation 


Receiver 2 


Transmitter 1 Receiver 3 


Receiver 1 Transmitter 3 
Transmitter 2 Receiver 4 
Receiver 5 


FIGURE 18-25 § Star-coupler circuit symbol. 
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between ports on opposite sides of the device. In 
Figure 18-248 fibers on the left can transmit to 
those on the right, and vice versa, but with good 
design very little light is reflected back. This direc- 
tionality is advantageous In some systems, it is also 
more efficient than the reflective star because not 
all connections to the device receive power. The 
transmissive star has another advantage in allowing 
full-duplex operation (between two stations only), 
whereas the reflective star offers half-duplex 
operation. 

A simple optical directional coupler can be 
made by allowing two fibers placed side by side to 
touch over a very short length while applying heat 
to the connection. If the tubes are allowed to fuse 


FIGURE 18-24 
(A) Reflective and (B) 
B. transmissive star couplers. 


while pulling the fibers into a biconical taper, good 
directionality can be achieved. In fact, this tech- 
nique applied to more than two fibers twisted to- 
gether, heated, and pulled, will form a star coupler. 
Again the fused portion of the connection should 
have the biconical taper. 

More sophisticated directional couplers are 
available which are wavelength- (frequency-) selec- 
tive so that wavelength multiplexing and full-duplex 
operation on a single fiber may be achieved. One 
technique takes advantage of an interference filter 
consisting of extremely thin layers of a reflective 
substance with carefully controlled thickness dur- 
ing deposition. This device, Known as a dichroic 
(two-color) mirror, will pass one wavelength while 
reflecting a different one. 

Directional couplers, sometimes referred to 
as T-couplers, allow for monitoring the traffic on a 
fiber-optic link. They are also used in multidrop 
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links, sometimes called the 7-system, wherein 
many stations can be coupled via the coupling 
arm* to a main or primary station by means of di- 
rectional couplers that allow through-transmission 
along the bus. 


L8-/ 


FIBER-OPTIC DATA LINK DESIGN 


Most of the basic concepts necessary to determine 
the suitability of the myriad of fiber-optic compo- 
nents for a particular communication link have 
been discussed. The .objective in this section is to 
summarize by examining some example design 
problems. 


*See “Directional Couplers” in chapter 14. 


EXAMPLE 18-6 
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Bandwidth/Data Rate 


One design consideration faced when using LEDs: 
LEDs have very poor spectral purity, meaning that 
the power they produce is spread across a wide 
frequency range (wide linewidth). For reasonably 
high data rates (low dispersion requirement) over 
long distances (high power requirement), graded- 
index fibers are used because they allow large- 
diameter fibers with multimode operation. The dis- 
persion (and pulse spreading) is low because the 
graded-index core (see ‘Fiber Technology’’) allows 
the various modes to propagate at different 
speeds, yet arrive at the receiver at approximately 
the same time. Figure 18-26 illustrates that the 
higher-order propagation modes have steep angles 
but travel faster because they spend more time in 
low refractive index regions of the fiber (and v, 0 
1/n). AT&T, in the late 1970s, decided to use rel- 
atively inexpensive and noncritical LEDs with 
graded-index fibers for their short-run “‘lightphone”’ 
links. However, long-distance networks will use 
single-mode fibers at 1.55 um. 


Assuming a spectrally pure light source (no chromatic dispersion), what is the 
maximum allowable fiber dispersion to handle a 200-Mbit/second, 20-percent 
duty cycle, RZ data format on a 10-km link? 


Solution: 


The pulse peed can reach T 


= 7, — 7/2, where 7, = 1/200Mbps = 


5ns and tT = 0.27, = Ins. gee. Tp; <= 4.5ns and 7,,/L < 4.5ns/10km 
= 0.45 ns/km. Although theoretically possible for araded: -index fiber, this 
requirement really calls for a laser with its low linewidth and a small-diameter, 
step-index fiber (single-mode operation). 


FIGURE 18-26 n 
Multimode propagation with , 
low pulse spread due to ’ 

index of refraction variation 

in a graded-index fiber. 





High-order mode 
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FIBER-OPTIC DATA LINK DESIGN 


The bandwidth/data rate can also be limited 


by the amount of power received over the link. The . 


reason is that a single photon has a finite amount 
of energy, and the energy in a single pulse (1 trans- 
mitted bit of information) has an energy per bit of 


E, = P,r, (18-13) 


where P, is the power per pulse and 7, is the ef- 
fective pulse (bit) duration. Since the power is most 
conveniently measured with an average-reading 
photometer, we determine the power per bit from 


Pr, = Put (18-14) 


EXAMPLE 18-7 
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where P is the average power and 7,/T7, is the duty 
cycle of the pulse bit stream. 


Power Budget 


The previous example illustrates the need for an 
adequate power budget for a fiber-optic link. The 
various power-loss mechanisms encountered have 
been discussed previously. Figure 18-27 illustrates 
the points where power Is lost. Power losses at the 
transmitter-to-fiber L, and fiber-to-receiver L, inter- 
faces consist of reflectance (also known as Fresne/ 


Received data pulses have a 20-percent average duty cycle and 1-ns pulse 
width. If —71.1dBm is measured with an average reading photometer: 


Find the energy per bit. 
How many photons are in one received light pulse if the transmitter Is 
operating at 1.55 um? 
What is the shortest-wavelength detector that would respond to the 
received pulses? 


Solution: 


1. —71.1dBm = 0.776 X 10°” mW. Each pulse has power of P, = 
0.776 X 10°°W/0.2 = O0.388nW. The energy/bit is £, = O0.388nW 
xX 1ns = 0.388 X 107" Joules (or, Watt-sec). 


One photon at 1.55um has energy of U = hc/X = 


(1.9875 X 10°” J-m)/1.55um = 1.28 & 107" Joules. There must 
be 0.388 X 10°" J/(1.28 X 107° J per photon) = 3 photons/bit. 
One photon/pulse is a theoretical but not a practical limit. A detector 
capable of responding to X = hc/(0.388 X 10° Joules) = 512nm 
could theoretically respond to the received signal. 





(R., Airgap, NA, etc.) 


Laser 








FIGURE 18-27 Power 
loss points in fiber-optic 
links. 
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loss, see equation 18-3), NA loss (equation 18-5), ified by the connector manufacturer, but if not, two 
area difference loss (equation 18-6), air-gap loss decibels is a reasonable assumption. Of course, the 
(equation 18-12), and misalignment losses. Fiber- fiber loss L, that is highly frequency-dependent (see 
to-fiber coupling loss L, results from reflectance, Figure 18-9) produces the greatest loss. A fiber- 
air-gaps, and misalignment. These are usually spec- optic link power budget example is now given. 


EXAMPLE 18-8 


A repeaterless fiber-optic communication link is to be 10km long. The LED 
produces 8mW at 0.824um, has an emitting area with a diameter of 80 um, 
and is closely coupled to a short fiber pigtail. Since the diode radiation pattern 
is nearly Lambertian, assume NA = 1, while the pigtail has NA = 0.30. 

Step-index fibers of 1 km length with 2dB/km, NA = 0.3, core diameter 
5Oum, and n = 1.5 are used. Connectors, each with 2dB of loss from all 
mechanisms, are to be used. The receiver uses a ferrule connector with a 
very short fiber, and diode with an antireflecting surface and an input diameter 
of 100um and NA = 0.5. The air gap is essentially zero. Determine the 
detected light power. 


Solution: 


L, From equations 18-5 and 18-6, P, = PNA? X (D,/Dygp)*]. The loss 
is L(dB) = —20 tog (0.3 XK 50 wm/80 wm) = 14.5dB. Power in the pigtail 
is —5.5dBm (+9dBm — 14.5dB). 

L, and L, There will be 10 fibers and 11 connectors for L{dB) = 
22dB. One long spliced cable would be no more than L,{dB) = 11 X O.5dB 
= 5.5dB.L, = 10 X 2dB/km = 20cB. 

L, Since the diode area and NA Is larger than the fiber, only reflectance 
loss is included. From equation 18-3, the loss is 10 log {1 — [(1.5 — 1)/ 
(1.5 + 1)}} = 0.18dB. Clearly, reflectance loss is negligible in most 
applications. 

The total link loss is L(dB) = 14.5 + 22 + 20 + 0.18 = 56.68aB. 
P({dBm) = 10 log 8mW/1 mW = +9dBm. Therefore, P;(dBm) = +9dBm 
— 56.68dBm = —47.7dBm. 





Problems quency, (b) energy (in electron volts), and (c) 


power in a 50-nanosecond burst? 


1. What and when was the breakthrough in op- 3. a. Determine the critical angle (of incidence) 
tical fiber technology for communication at a glass/fused-quartz interface. 
applications ? b. Calculate the numerical aperture for an 


2. Light at 1.55 gum in air has what (a) fre- optical fiber made of these materials. 


PROBLEMS 


4. 


10. 


c. For total reflection, should the fiber core 
material be the glass or the fused-quartz ? 
Why ? 


A fiber core is glass with n = 1.5. 

a. Calculate the reflectivity (in percent) from 
alr. 

b. What value must the cladding refractive 
index n be in order to produce an optical 
fiber with NA = 0.2? 


. An optical fiber is made with a core of flint- 


glass (n = 1.62) and a cladding of crown 

glass (n = 1.51). 

a. What is the critical angle at the core/clad- 
ding interface ? 


b. Determine the numerical aperture for light 


input to this fiber. 

c. What is the maximum angle for light en- 
tering the fiber from air? Make a sketch 
to illustrate, using the results of parts a 
and c. 


How many modes will propagate in a 3-um 
diameter, step-index, glass/fused-quartz FO 
waveguide for 1300-nm light? 


a. Determine the maximum core diameter 
for single-mode propagation of 1.3-um 
light in a glass/fused-quartz FO wave- 
guide. 

b. Approximately how many modes will 
propagate if the diameter is made 50 per- 
cent larger than for part a. 


~ A 30-km FO link is to handle 200Mb/sec NRZ 


data. What is the maximum dispersion in 
ns/km for the multimode fiber, assuming a 
spectrally pure light source? 


a. What will be the maximum allowable 25 
percent-RZ data rate for the 20-km long 
fiber of problem 5 with multimode 
operation? 

b. How much attenuation can be expected 
at 820nm? 


A 2-mW light source has an effective diam- 
eter of 4 um and radiates light in a Lamber- 
tian pattern. Determine the coupling power 


11, 


12. 


ts: 


14. 


15: 


16. 
Te 
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loss (in dB) and the power coupled into a 

glass/fused-quartz fiber of core diameter 

a. 2 um 

b. 20 um 

c. 200 um 

a. Explain Laser action. 

b. What are the dopants used for making 
GaAs LEDs and lasers produce light at (1) 
820nm and (2) 1550nm? 


The diodes of Figure 18-13 drop 0.7 volts 

when conducting. 

a. Determine the normal bias voltages on 
both bases of the MPS 6515 differential 
amplifier. 

b. What will be the voltage on the input base 
of this differential amplifier when U2 is 
saturated (V, = 0.2 volts). 

c. Will the LED be on or off when U2 is 
saturated ? 

d. Is the data input high or low when the 
LED is on? Show why. 


The average power received in a photodiode 
detector is —63dBm, and the 1.3-um light is 
on/off in equal 300-ns time periods. Deter- 
mine (a) the received energy/pulse (Joules 
and eV) and (b) the number of photons/pulse. 

The PIN diode of Figure 18-16B has a res- 

ponsivity of 0.5 wA/uW, and a dark current 

of 5OnA. Assuming a low-gain, extremely 
high-Z,, IC, 

a. What value of R would yield 2V at the 
output with a —30-dBm light input? 

b. What will be the minimum V,? 

How much power loss (in dB) results due to 

an air gap of 10 um between 25-um diame- 

ter fibers with NA = 0.4? (Ignore re- 
flectance.) 

Describe both types of star couplers. 

a. Determine the energy/bit for an optical re- 
ceiver receiving —6OdBm average power 
if 5Ons-wide light pulses at 33.3-percent 
duty cycle are received. 

b. How many photons/pulse are received if 
A = 13800nm? 
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18. An 8-km repeaterless FO link has the follow- 
ing component specifications: connectors 
2dB each (all loss mechanisms), 1-km sec- 
tions of 52-um diameter graded-index fiber 
(NA = 0.4), an 820-nm 5OmW laser trans- 
mitter and a pigtailed 3-um diameter pho- 
todetector with numerical aperture of 0.30. 
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The laser has an output diameter much less 

than 52 microns and is connected through a 

microlens to the first fiber. 

a. Determine the power level just after each 
of the nine connectors. 

b. How much current will the photodetector 
produce if its responsivity is 0.60 A/W? 














To write a Fourier series for approximating a time 
varying function f(t), the time function must be de- 
fined over one full period 7. In general, a complex 
periodic signal includes a phase shift at tf = O so 
that orthogonal (or quadrature) components must 
be included. Thus, the most general expression for 
the periodic time function Is 


N 
f(t) = V, + >- (a,cos2mnf,t + b,sin2anfot), 


n=1 


where the approximation of f(t) is more accurate 
as the number of components included, WN, Is in- 
creased. The peak amplitudes a, and b, are deter- 
mined as follows: 


1 T 
VY, = = | f(t)dt (A-1) 
, T 
a, = =| f(t )cos(2mnf,t) dt (A-2) 
eft | 
b, = =| f(t )sin(2anf,t) dt (A-3) 
O 


For example, suppose f(t) is defined for one 
period as shown in Figure A—1; that is, 


A: 0 t=. 772 


te 72 <p 7 ee 





f(t) = 


924 


Appendix A Fourier 
Series Derivation 





FIGURE A-1 


One period of a squarewave. 


1 7/2 A 7/2 A 
Then V, = | Adt=-—t = — (7/2) 
Tr Je T 


0 r 


A/2, the average (dc) value. 


,, 7/2 2A 
a,=r- i Acos2rnf,t dt = ——— sin2amnf,T/2 
T Jo 2a ntiT 


oO 


] A. 
—,4@, = —sin mn = O because 
T wn 


Since f, = 
sin nw = O for all integers n. But, 


2 7/2 
= | A sin2anf,t at 
ft 


b, 


A 
(cos2anf,7/2 — cos 0) 
wnt, T 
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— (1 — cosrn) 
rn 


A 
— (1+ 1) for nodd 
wn 


A 
— (1 — 1) for n even. 
wn 


and, 
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2A 
Consequently, b, = —— with rn odd only. If an in- 
ni 


finite number of harmonics are included, the func- 
tion f(t) can be written exactly. Hence, 


fi) = A/2+ D) (2A/an)sin2anf,t 
n,odd only 


Sometimes it is desirable to use the exponen- 
tial (or complex) form of the Fourier series. This is 


defined by " 
A= > cet 
a eT 
where c, = — | Ane Pee or 
f J=18 
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*Howard W. Sams & Co., Editorial Staff. /7T Refer- 
ence Data for Radio Engineers. Reproduced with permission 
of the publisher. Howard W. Sams & Co., Indianapolis, 
1975, 


926 


W 4B 
BW3, 


ilter 


(V/V ap 


APPENDIX B FILTER ATTENUATION CURVES 5)'7 


Shape factor 


7 
“nn mi aa at eT oo AE 


(V,/V op 





Relative attenuation (dB) 


FIGURE B-2_ Relative 
attenuation for a 3-pole 
network. 
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FIGURE B-4 _ Relative 
attenuation for a 5-pole 
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FIGURE B-5_ Relative 
attenuation for a 6-pole 
network. 
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Appendix C 
Feedback Analysis 


for 


‘T'ransconductance 





Amplifier 


Figure C—1 is a common-emitter amplifier with 
feedback resistor A,-. The circuit configuration is 
voltage-sampled/shunt-feedback. Since the input is 
a parallel circuit, it is convenient to use the Norton 
equivalent as seen in Figure C-2. 

The basic amplifier (/- = O) has 


where RF, = R,||R,, and 


A 
A, + Re 


Oo 





Avy, 


where R, = R,||R- for the amplifier loaded by the 


_ next stage. For our analysis 





(C-2) 





A Re 
ie (C- 1) 
AP Ae 
FIGURE C-1 


Transconductance amplifier. = 
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APPENDIX C FEEDBACK FOR TRANSCONDUCTANCE AMPLIFIER 





For shunt feedback analysis it is most convenient 
to characterize the circuit gain as v,/i, = A. which 
is actually a transconductance gain. The overall cir- 
cuit with feedback is called a transconductance 
amplifier. 

Using equations C—1 and C—2 yields 


A= 


V, R R,R 
= = ——_ —7_  (C-3) 
iP 


— hs 
a ee eee 


and the feedback improvement factor is 7 = 
1 + A-B, where 


B= 4, = A: (C-4). 
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FIGURE C-2 Equivalent 
circult. 


Consequently, 
P= 1+ [AyReRARe + AMA + RY) {C-5) 
For our circuit Rp >> Ac and A, > FR, so 
f= 1+ AlAdA,) (C-6) 


Notice that for the case in which the amplifier is a 
very-high-gain IC so that Ay B > 1, the closed 
loop circuit gain will be Ay, = —Ay/(A, R,/R; ) 
= —A,/R,, which you recognize for the inverting 
Op-amp. 


Appendix D 





Derivation of 


Frequency Response 


for Plus 


The PLL frequency and step responses are deter- 
mined as follows. From Figure D—1, we can see 
that, for an input of 8; and VCO output phase 0, 
the phase difference 6, = 8, — 9, is the input to 
the phase detector. From this, 6; = 0, + 6,. Now, 
by working backwards around the loop from 8,, we 
see that 6, = (2mk,/s)V,* and V, = k,k,0 .. 
Thus 8, = (22k,/s) k,k,0,. Substituting this into 
6, = 6, + 0,, we get 0, = 0, + [(2mk,kaky)/s] 
6,0r 8; = (1 + [2ak,kyk4/s]) 8.. 


*s is the frequency variable and, for sinusoidal VCO 
modulating signals, s = jw. k,/s shows both the integrating 
effect of the VCO and the decrease of modulating sensitivity 
(k,) with increasing frequency. 


Loop 
compensation 


network 
eee 





FIGURE D-—1 Uncompensated PLL. 
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To determine how the output voltage V, var- 
ies with input phase changes, use V, = k,k,0, to 
get 08, = {1 + [(2ak,kaky)/s]} [Vo/(Kaky)]. The 


output/input transfer function’ is V,/8,which, from 
our last expression, will be 


Vv, SkyK, 
| (D-1) 
0, s + 29k,k,k, 


for an uncompensated PLL. 

The frequency response and transient behav- 
ior of the PLL are determined from the poles of the 
transfer function—that is, where the denominator 
of equation D—1 goes to zero. Clearly, the denom- 


inator approaches O when s = —27k,k,ky = 
ys 
Ve Skyk, 
oe ee D-2 
0, s+ k, \ 


shows the same kind of transient response as an 
RC high-pass filter: V,/V, = (sRC)/(sRC + 1) = 
s/(s + w,), where w, = 1/RC is the cut-off fre- 
quency in radians/sec. 

An input step-phase change will track-out to 
zero in the steady state just like an input voltage- 
step settles out to zero after the initial transient for 
the high-pass RC filter of Figure D-2. However, 
for input frequency changes, the PLL responds 
like a low-pass filter because, from w = d6/dt, 
w, = sO, and f = (1/2m) s6,, so that V,/ 0'= 
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FIGURE D-2 (A) Response of PLL output V, to 
input phase step change Ad, Notice the resemblance 
of this response to that expected for the high-pass 
AC filter of (B) with an input voltage step. 


V,/ [(2arf,)/s] = (sV,)/27f,). Consequently, 


V, _ 20KyKy 
- 6a e (D-3) 
which shows that V, changes with 7, similarly to a 
low-pass RC filter where V,/V; = 1/(sRC + 1) = 
w,/(s + w,) where w, = 1/RC is the corner fre- 
quency in rad/sec. 
The bandwidth of the uncompensated PLL is 
w = k, and the Bode plot is shown in Figure 10— 
21. The transient response for this simple PLL will, 
like the LPF, simply be that of a charging capacitor 
when the input to the PLL is a step change of fre- 
quency. This is shown mathematically by the use 
of Tables of Laplace Transforms as follows: If f, 
takes a step change of Af at t = O, then F;(s) = 
Af/s. Solving forthe output voltage (VCO input sig- 
nal) with equation D-3 and 27 kyka = K\/Ko, 
yields A fk, /k, 
Vie = 


~ gs + k) 
R 
V 1/ | V 


(D-4) 


i sC : . 
— Fis) = Vols) -§_1sc__ _1/RC 
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A table of inverse transforms will show that the 
time response of V, for the Af input step is 


vAt) = (Affk)(1 — e™) (D-5) 


This is a rising exponential with rise-time 1/k, and 
steady-state value of V,(ss) = Af/k,. 


The slow-rising output voltage from an un- 
compensated PLL may be unacceptable, especially 
in FSK demodulator applications. The solution is to 
compensate the loop and speed up the response. 
This is called loop compensation. 


Loop Compensation 


It may seem contradictory, but the response of the 
uncompensated first-order loop can be speeded up 
by inserting a phase lag network in the loop be- 
tween the phase detector and amplifier. Such a 
network is the RC integrator shown in Figure D—3. 
The result will be to produce a second-order sys- 
tem, the phase of which can be controlled, thereby 
controlling the rise time and regenerative nature of 
the loop. 

The frequency response is derived in exactly 
the same way as above except that, every place 
kyk, appears, the lag network transfer function 
F (s) is included, that is kjk, — KgF(s)Ky. 

Equation D—-1 becomes 


V, skyk,Fs) 
oS ee (D-6) 
6, s + 2mk,ksk,Fls) 
and equation D-3 becomes 
V,  Qark,kaF 
Vo _ 2akgka (s) (D-7) 


i s+ k,F(s) 


Vis) A+ (1/sC) s+(1/RC)~ 


F(s) = w,/(s + w,) 





FIGURE D-3_  Phase-lag network. 
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Since F(s) = w,/(s + w,) for lag compensation 
then, after some algebra, we find that the equiva- 
lent to equation D-4 for a step change of input 
frequency is 


Vee (D-8) 
i hee ws + k,w,) 
Compare this equation to the frequency response 
of a general second-order system, 


w 


Hi SI = 
ie s(s° + 26w,5 + w?) ee 


the inverse Laplace transform and time re- 
sponse of which is 


—dwyt 


e 


At) =1— wrap — & + 6]. 


(D- 10) 


where 6 = tan”'\/(1/6?) — 1. 
The comparisons yield the following relation- 
ships for lag compensation: 


= kw, (10-19) 


and 


6 = — = —=— = 4 = (10-18) 
2a, 2V KW. k 


Equation D-8 may now be rewritten as 


Vis) = aie: (D~11) 
—— s(s* + 26w,s + w’) 


so the time response with compensation is 


vAt) = ~ {- —— sinlw,tV 1 — & + a 
(D-12) 

where 
Af/k, = V,(ss) (D-13) 


For 0 < 6 < 1, the PLL with lag compensation 
has a response to a frequency-step input much the 
same as an underdamped second-order low-pass* 
filter. The response is plotted in Figure 10—27. For 
lead-lag compensation, it is easy to show by simple 
algebra, for the network of Figure 10-33, that 


F(s) = [A, MR, + Rs + w,)/s + w,)] 
(D-14) 


The transfer function, F(s) = V,/V,(s), is found by 
a simple voltage divider derivation where the com- 
plex reactance of the capacitor C is 1/sC. As an 
example, the bandpass filter (BPF) of Figure D-4 
can be shown to have a voltage-divider transfer 
function expressed as 


ViAs)/Vis) = sL/(s*RLC + sL + R) (D-15) 


The only math required is algebra. 





FIGURE D-4 





“Here is a listing for identifying second-order filter types from their Laplace frequency-response expression: 


General 2"-order circuits 
As’ +Bs+C 
s tas+ 6 


The numerator varies according to filter type as 
follows: 


High-pass: B& C =O HPF: ns 
S tas+ ps 
In some cases, the constant term C remains in the nu- 


merator for the high-pass circuit. 


Answers to Selected 
Problems 


Chapter 1 then X, = 251Q and Citotal) = 31.7 pF, C, © 
= 25 pF and n,/n, = 8.2. 

1. (a) See Figure ANS—1 (b) 9.2 MHz 15. 2mH 

3. 11.3Q/63.7 17. (a) 0.13 (b) 5.6 mA /141° (c) 350 mA 

5. (a) 500 Q, 9.4, 1.06 MHz 18. (b) 10 + j10 Q (c) 1.5 wH (d) 11.25 — j11.25 0 
(b) 20 mA, j188.7 mA, —j188.7 mA (e) 1126 pF 
(c)94=0Q 19. (a) 0.071 

. (a) 70.7/+45° (b) 46.6/—62.2° (b) Between critical and optimally coupled 


r = 500 Q, 796 wH, 2.5k, 995 wH 
. (a). 15.9 MHz (b) 836 mV 
. (a) 53.1 Mrps (b) 39.4 dBi(c) 25.4.dB (d) 246 kHz 
(e) 16.2 dB, 6.4 times | 
13. For V; = 0.1 V,, and Vg = O.6V, Re = 7290 Chapter 2 
(use 680), R, = 12k, R, = 56k, Ry = 100, C,, 
= 820 pF, C; = 3800 pF (use 4700), C, = 1. Bwith A at ac ground 
1200 pF. If L(71) is arbitrarily chosen to be 2 WH, 3. (b)OdB 


= 0 0 


|X| 
Reactance 





93/ 





938 


5. 1.89 MHz 

6. (a) 507 pF (b) 6.39 (c) 0.64 (e) No 

7. —3.1 dB 

8. (a) 515.8 kHz (b) 100k (c) 50 dB (f) — 12.9 kHz 
9. (a) 581.15 kHz (b) 581.295 kHz 

Chapter 3 


1. 


50 Hz, 5 Volts 


3. 2.5 Volts at f = O, 3.18 Vpk at f, 1.06 Vpk at 


3f,, 0.64 at bf, O at 2F, and 4f, 

(a) 1.91 Vde (b) 3 Vpk (ce) 1.27 Vpk (d) 7.3 mW 
+ 9mW + 1.6 mW = 17.9 mW 

(a) v(t) © 1.91 + 3 sin 2760t — 

1.27 cos 27120t — 0.255 cos 27240t, volts 
(b) v(t) © 3.82 + 2.55 cos 377t — 

0.51 cos 754t + 0.22 cos 1131t, volts 

(c) v(t) = 2.43 cos 377t + 0.27 cos 1131t 

+ 0.1 cos 1885f, volts 


. (a) 0.75 V, 1.35 Vpk, 0.955 Vpk (b) See Figure 


ANS-2 


. (a) See Figure ANS—3A 


(b) Same as part a except the 3 kHz component 
is — 1.05 V pk, and 5 kHz is zero 
(c) See Figure ANS—3C 


FIGURE ANS-3A 0 1 


14. 


ANSWERS TO SELECTED PROBLEMS 


v, (t) 


—0.6 





FIGURE ANS-2 


(d) From part c: v,(t) = 5 + 6.4 cos 2m(1 kHz)t 
— 1.05 cos 27(3 kHz)t 

(e) 16.4% 

(a) 40% (b) 20% (c) 44.7% (d) 3.75 Watts 


Chapter 4 


1. 4 X 10°*' Watts; Thermal versus shot 
2. (a) 4 nV (b) 645 pV (c) 465 pV (d) 116 pV 


4. 





125Hz 


(kHz) 


y 


ANSWERS TO SELECTED PROBLEMS 


Filter Output 


FIGURE ANS-3C 


5. (a) 1.83 mV (b) 11.5 pV (14.4 pV for actual circuit 


bandwidth) (c) 229.5 mV (all voltages rms) 
(d) 0.115 divisions 


6. (a) 1.56 & 10° “V*/Hz (b) 3.23 & 107*A*/Hz 


(c) 88.9 wV rms 


Chapter 5 


1. 


2. (a) 33.3% (b) 2.25 W (c) 62.5 a ) 2.63% 
3. (a) See Figure ANS—4 


( 
( 
(f) 57.7% 
( 
( 


c) e(t) = 100 cos (2513 X 10°t) 
25 cos (188.5 X 10°t) + 25 cos(314.2 X 
10°t)volts (d) 20 kHz (e) 100 W, 6.25 W, 


112.5 W (f) 94.4% 


7h ~ 
\ 


ars iN 
ae se 
IBAWAWARIBAWAGAEII 
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FIGURE ANS-4 


4. (c) 0.81 mW and 0.93 mW (e) 700 mV 
(f) 0.05 uF 








a) 0.56 (c) 5.4 kW (d) 0.42 kW (e) 6.2 kW (f) 
87.1% (g) 9 kHz (h) 250 Vpk, 49.5 kHz sinusoid 


11. 
12, 


539 


(a) +3 dBm (b) 2 Vpk (c) 3.6 Vpk (d) — 1.8 V de 
(e) (T = 0.2 ms) (f) (de = 0) (g) 0.01 uF 

70 dB 

(a) —97.8 dBm (b) 106.7 MHz (c) 4 

(d) —97.8, —85.8, —91.8, —92.8, —6/7.8, 
—42.8, —17.8, +7.2 dBm or 3 dBm for 

one 20.8-dB amplifier 

(e) 117.4 MHz. 

— 130.8 dBm 

(a) 6 dB (b) +15 aB (c) 25 mW 


Chapter 6 


. (a) 35.355/-+45° (b) 


. (a) 150 W (d) 8.8 W 

. Distortion—elaborate 

. (a) 23.5 kW (b) 40 kw 
. 1.008 kW 

. (a) & 120° (b) 0, 


= 70° (c) 312.5 WA (d) 580 
Vpk (e) 841 (f) 58 W, 77.5% 

(b) 111 mA (c) 1.35 k (d) —100 V (e) 950 Vpk 
(f) 1.5k (g) 2.38 wH (h) 5.5 (i) 1830 W, 69.8% 
(a) 28V (b) 3.920 

1.33 wH and 0.0068 uF 

55 nH and 210 pF 

(a) 200 — j400Q (b) 400 mH (c) 1.6 (d) No, 
20002 # 500 

25Q by reducing L to one- 
half of its value 


. (a) 200 V pk-pk to reduce the plate voltage to 


zero on peaks (b) 6 kHz (c) 563 pF (d) 18 


. (a) 3.3k (b) 6.38 kW (c) 2.58 kW (d) 2.72 kW 


(e) 3.138 kW 


Chapter 7. 


. (a) VARF) = 1.7 V, V{LO) = 


3. (a) 18 dB (b) 68 dB (c) 3 dB 
hs 
6 


= 46 kX), Az = 1.1 kQ, C, 
5600 pF, C, = 


R, = 8.1kQ, R, 
= 0.9 pF, C, = 22 pF, Cs = 
11 pF 

(2) n/n, = 2 for T1, n,/n, = 24 for T2 

(3) 136 mV (enough) 

6.9V (b) 1 1.56 pH 
(c) 540 mV, 15V (d) 28, 9 mW 


540 


9, 


Vs 


12. 
14. 


16. 


17. 


18. 


19. 
20. 


(a) 1.55k (b) 979 wH (c) 211 wH (d) 5200 

(e) 6030 

Chebyshev: (a) 3 poles (b) 0.1 dB (c) 127.4 

(d) 11.4 aB 

Butterworth: (a) 4 poles (b) O dB by definition (c) 
118 (d) 16.8 dB (Do not use resonators with min- 
imum required Q when building this filter; too 
much signal loss results. If Q = 1000, the But- 
terworth insertion loss is reduced to 1.5 dB.) 

(a) 6 poles (b) 0.01 dB (c) 3.9 dB 

(a) 0.6 mW (b) —56.2 dBm (c) 1.3V, 1.08V 

(d) See Figure ANS-5 


Vv, (t) 
volts 


t(ms) 
0 0.5 


FIGURE ANS-5 
b) (The Q-point is 14V, 71mA) (c) 198Q (d) 6.8 


( 
(e) 0.462 Watts, 43.4% (f) 191mW, 17.9% 
(a) Veo = 6.70V, i = 20mA, Voy = Veg = 


5.3¥. Vey = 20mvV, V3 = O.65V, Ve3 = 5.O5V,. 


len = hg = 16.7MA, Veo = G.0BV, loo = hy = 
166.7 pA 

(b) i(sat) = 438.5mA pk, v,(sat) = 4.385V pk, 
P, = 961.4mMW, Pyyo = 1.675W, eff = 57.4% 
(3Q dissipates 288.4mW) 

(b) —80, 20, —6, 1, 0.94—79aB (c) 51.7 dB 
(d) 135kQ, 21mQ | 

(b) 800 kHz, 100 kHz, 1.3 kHz’ 

(a) 39.6°, 300 kHz (b) 23.6°, 400 kHz (c) 8°, 
530 kHz, very marginal (d) —24.9°, unstable 


Chapter 8 


2. 
4. 


(a) 6673% (b) 75.8% 
9 
vAt) = %(1/n) sin 2enf,t,n = 1,3, 5, 7,9. 


ANSWERS TO SELECTED PROBLEMO 


Vt) = 2.5 sin 144513t + 2.5 sin 333009t + 
0.83 sin 622035t + (etc.) 


. 125 mW 
. About 0.56 mV, rms 
. (0.64V de), 424.4mV pk at 10 kHz; 84.9mV at 20 


kHz and 36.4 mV pk at 30 kHz 


. (a) 83.3% (b) 87.88% (c) DSB-SC has only 


66.7% savings 


« L6/ 
. Hints: Output up-converter mixer inputs are 


2.005 MHz and 32 MHz. Transmitted signal is 
34.005 MHz or 29.995 MHz and a balanced 
mixer is used. 


. 200 parts/billion. 
. The first three spectral components (excluding 


dc) are 990 Hz, 2990 Hz, and 4990 Hz. 


23. (a) 64—84 kHz (b) 24 kHz 
Chapter 9 
3. (a) 20 kHz ok, m, = 4 (b) 10 kHz,pk, m, = 1 
(c) No change 
5. 2 cos (6.28 X 10°t) — {O.4[sin(31.4 X 10°¢ 


[sin (6.28 X 10°t)]} = 2 cos 628318531t — 
0.2 cos 628287115t + 0.2 cos 628349947 t. 
See Figure ANS—6. 


628349947 rps 





628287115 rps 


FIGURE ANS-6 


) 

) 1.4 (b) 0.467 V,pk @ 10 kHz (c) 3.025 kW 
) 0.8 Vpk 

) 0.35 radians, approx. (c) 0.27 radians/Volt 

a) 1.59 MHz (b) 1.73 MHz 


a) 67 kHz/Volt (b) m, = 5.6 


ANSWERS TO SELECTED PROBLEMS 


17. (a) 392 kHz 

18. (a) 44 mH (b) —25% (c) 0.84 MHz/V approx. 
and 1 MHz/V slope 

20. 10 Vpk, 5 kHz 

21. (a) 11 MHz, 33 MHz, 1 MHz (b) No, 29.7 kHz 
(c) Yes, 1856 Hz 

23. (a) v, = % = 13.3 Vrms @ —90°, V, = 
13.9 Vrms, V, = O 


(c) V> = —4.1 Vde; Va = 11.3 V/—87°, See 
Figure ANS—7. 
scl oe L 
22 ~ 
V, Vi 





FIGURE ANS-7 


Approx. + 10 dB (b) 63.2 mV,rms 


. 1.5 Volts 
) 
) 12 dB (b) 17.4 dB 


Chapter 10 


3. 2.55 Volts/radian and 0.044 Volts/degree 
5. (a) 60 kHz/radian (b) 377 X 10° sec” ' 
(c) 111.5 dB 
7. 785.4 mV 
9. (a) 250 kHz and 30 kHz (b) 30 kHz 
10. (a) 110 kHz (b) +4.5 Vde (c) —0.75 Vde 
(d) — 1.18 radians, 
11. 80 kHz 
13. (c) The loop gain would have to be increased by 
7.16 times. 
14. (b) 15.9 usec 
15. (a) K(dB) = 96 dB at w = 1 rad/sec; k, = 
O dB at w = 62.832k rad/sec 


(b) k, = O dB and is down 3 dB at 62.832k rad/ 


sec 
(c) 10 kHz 


941 
16. (a) 0.35 (b) Approx 30% (Why?) 
18. (a) 0.5 Vdc (b) 6 = 0.16 (c) 0.002 uF 
(d) See Figure 10-32C, and V,(ss) = 0.5 £0.6 
Volts with a period of 2 ms (1 ms/bit). 
19. R, = 24.5k, C = 2 uF 
21. (a) R, = 162k, Rp = 5kQ 
(b) Use voltage divider rule and remember that s 
already includes jw for sinusoids. 
23. (a) 60 kHz (b) 70 kHz (c) 10 kHz 
26. (b) N = 225 (c) 26.975 MHz (d) 455 kHz 
27. (a) 50 (b) 200 kHz (c) 0.2 (d) About 2 


Chapter 11 


3. (a) 6 KHz (b) Frequency fold-over occurs (Why?) 
6. Expand on Figure 11-15 and include its mirror 
image. (a) 32k pps (b) 15.625 us 
8. See chapter 3 
10. (b) Figure ANS-8. Also, for (B) the phase-locked 
loop 


ye 


, an 


Integrator 


UR TT 


Integrator 


FIGURE ANS-8 


15. (a) PDM (b) 50 kHz, 2.5 Volts 
16. (a) Vt) = —V,,,. Solve equation 1-3 for V 


across capacitor where i(t) = V/RIOS tS W, 
T 


Vit) dt. 


oO 


O otherwise) (b) V,,, = (1/T) 
18. V,lavg) = (A/T) tom — ter! 


5A? ANSWERS TO SELECTED PROBLEMS 


21. 7.966 theoretically, but 8 are used Chapter 13 

23. 4.5 kHz (Why?) 

24. 6.25 psec 2. (a) HI’ (b) Even (c) 303 bps (d) ‘ring’ 

26. (b) 1170171077101... , 3. 9 

27. (a) See Figure ANS—9 (b) 110111011101... 6. Referring to Figure 13-8, there are only 2 sec- 


v(t) Volts 
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Digital Output 
t(ms) 


0 000 





FIGURE ANS-9 


28. (a) 15.1 MHz (b) f, O 1/step-size (c) linear DM 
requires too high a clock rate 


Chapter 12 3.75 


1. At least 5.75, so 6 are used. 3 
3. (a) 50 kbps (b) 25000 Hz 
5. 16297 bps 
6. 4.1 minimum, so use 5 levels. 
7. (a) 8.3 wW (—20.8 dBm) (b) 3.3 pW (—24.8 
dBm) 1 
8. (b) 30.27mV, pk (c) 1.8 dB 
10. (a) 386 (c) 3.088 Mbps (d) Time (e) 1.544 MHz 





13. 36.1 dB 0 
15. (a) The ratio of peak signal to peak noise voltage 
is 36.1 dB. However, the signal to noise power FIGURE ANS-10A 
ratio is 37.9 aB. 
(b) 82 levels require 7 bits. tions in the right-most register and 1 in the left- 
18. 25k most. The rest are in the center register. 
19. 640k : 8. See Figure ANS—11 
21. (a) See Figure ANS—10A (b) 46.9 us 9. (a) Examples: e. Q, g. *, j. ETX (b) Total LRC = 
(c) 11001100 (the LSB could also be a 1) 0000010; total VRC is 1111101100 
23. (a) 90 mV (b) 282.8 mV, ideally 10. (a) 107" (b) 3.5 Vpk (Approx. answers) 
24. (a) 16.33 Hz (b) 0.0817 radians (c) 16.3 mV 11. 281mVpk 


va 


ANSWERS TO SELECTED PROBLEMS 543 


o=- 
— 


-0O 


; 
0 = 1 valid 
0 


1 
i ) D— 0 imate FIGURE ANS-11 
12. 80 3. (a) 708.8 — /47.1Q (b) 398Hz 
16. +2.5V, +3.2V, +3.7V/O, BOWPM 5. 6.12 
17. 9.1 kHz 7. (a) —0.5 (b) —O.2 (c) O (d) +0.2 (e) +0.5 
21. (a) 2.2 sec (c) 0.83 8. (a) 5V (b) 673V, 66.7mA 
22. (b) 400 bps | 10. (a) 0 (b) — 1/90° (d) 0.447/63.5° 
24. Example: SYN, SYN, STX, text, ETX, BCC (f) 0.368/— 163° 
25. (a) Yes (c) ‘| have a message for you.” 12. 18.88 Np, 164 dB 
(d) 011010000110100010101000 (explain) 14. 6.25 — /12.50 
27. te) SOLE 15. 40 + /57Q, 3.3, 0.538 
16. (a) 2.5 (b) 75 MHz 
17. about 1.5 
Chapter 14 18. 107.5 + /500 
19. (a) 6.8 dB (b) 0.84 mW, 3.16 mw 
1. (a) 30,000 meters, 98425 feet, 18.64 miles (b) 20. (a) 0.126A (b) inductive reactance of / 44.250 
300 meters, 984 feet, 0.186 miles (c) 3 meters, (c) 0.117A 
(a) 


9.84 feet 21. 





30. 
So, 





= —0.143, S, = 0429 m, S,, = 0.286 
Si; RL. = 16.9 dB 


(b) —3 dB (c) 4.44 dB 


nA 
. (a) 4.572 cm, 6.562 GHz (b) 16.16 GHz (c) 5; 


TEio, TE, TEs TEs, TM,, 


) 

) 19 Watts 

a) 1 MW and 9 mW (b) 0.0316 mW 
) 


Chapter 15 
3. 8 X 10° Amps/meter 
4. 1.58 million miles 
6. 1.32 meters 
8. 164 nW 
10. About 3.7 kW 
14. (a) About 70° (b) 6 dB 
17. (a) 2 meters (b) 5.2 degrees 
19. 2.716 X 10° meters/sec 
20. 35.3 degrees 
22. 26.3 feet 
23. (b) 1.53 km 
24. (a) +70 dBm (b) 197 dB (c) 65 dB (d) —62 dBm 
(e) 33 dB 
Chapter 16 
1. 193.25 MHz, 197.75 MHz 
3. (a) 15.625 kHz (b) 302,400 
4. (b) 480.47 
6. (a) 10.4 MA (Ve = 0.7V) (b) 2965 (c) 51V de 
(d) 9.95 MQ 
8. 94 WH 
10. (a) 1.875 Amps (b) — 1.875V (c) Almost rectan- 
gular waveform (d) a) 0.971 A, b) —4.855V, 
c) See Figure ANS—12D 
12. 1500 
14. (a) w, = 1.43 rad/sec and w, = 137.7 rad/sec 


(b) 22.9k rad/sec (c) 14.529 kHz to 16.776 kHz 


ANSWERS TO SELECTED PROBLEMS 


i, (Amps) 


0.971 


0 15 16-2/3 ¢(ms) 


A (Volts) 





FIGURE ANS- 12D 


17. (a) 57° (b) Approximately / = —044, QO = 
—=0.87 
Chapter 1/7 
3. (a) 011011000001 (b) OrmOmrm0 ::::: 
4. 101001011110 
5. (b) —135, —135, 45, --+°-> degrees. 
9. (a) (00) = — 135 degrees, (01) = 135, (10) = 
—45, (11) = 45 
(b) (00) = —45, (01) = 45, (10) = — 135, (11) 


= 135 degrees. The only sure way Is to sketch 
the circuit and trace through. 


. (a) 2 (c) 2 (e) 6 
. (a) 101, 001, 011, 110 (b) —90, 45, 90, 180° 
. (a) 111 Watts (b) 2.56 dB 


. (a) 8-OAM is 16 times better (b) 5 for 8-QAM and 
80 for 8-PSK 

. 12.59 

. Coherent PSK is about 5 times better 

. O.9 meters 

. (a) 28.8 Megawatts (b) —62.6 dBm 


. 36.3 dB/K 


wr 


ANSWERS TO SELECTED PROBLEMS 


Chapter 18 


(a) 1.935 X 10“Hz (b) 0.8 eV (c) 2.56 pW 
) 76.7 degrees (b) 0.34 

)4% (b) 1.487 

) 68.8 degrees (b) 0.587 (c) 35.9 degrees 

3; name them. 

(a) 2.92 um 


(a 
(a 
(a 


NOORWN 


( 
af 
( 


945 


0.08 ns/km 


. (a) 136.4 kb/s 

. (a) 15.4 dB, — 12.4 dBm (b) 9.3 dB, —6.3 dBm 
. (a) 1875 eV (b) 1962 

. (a) R = 4 MQ (b) 0.2V 


. 0.74 (1.3 GB) 
a) 150 X 107" Joules (b) 981 photons 
a) First, 5 dBm. Last, —23 dBm. 
b) 5.6 nA. 





“A” law, 342 

Absorption, 507 

ACK (Acknowledge), 359-360, 379, 
386-387 

Acquisition mode (pre-lock), 255 

Adaptive digital modulation (ADM), 317- 
319 

Address field, 388 

Advanced data communications control 
procedure (ADDCP), 388 

AGC (See Automatic gain control) 

Air gap losses, 515-516 

Aliasing distortion, 304 

All-pass network, 192 

Alternate mark inversion (AMI) 
transmission, 335 

AM (See Amplitude modulation) 

American National Standards Institute 


(ANSI) synchronous datalink control, 


388 
Amplifier design, 12-15, 238, 242 
Amplifier noise, 97-98 
Amplifiers 
automatic gain control (AGC), 150, 
152-155 
bandpass, 238, 242 
broadcast, 431 
cascade, 150 
class A, 9-11, 107-108, 124, 156, 
175-177 
class AB, 124, 156-159 
class B, 107, 124, 156-159 
class C, 107=—111, 128, 126, 221 
common-emitter, 9 
dynamic range, 133-134 
feedback reduction, 112 
FETS, 112, 186 
horizontal deflection, 459 


946 


intermediate frequency, 147-153, 
238, 242 
inverting transconductance, 162 
limiters, 232 
linear power (LPAs), 190-191 
low-noise (LNA), 132-135 
microwave integrated circuit, 411 
MOSFETS, 134 
open-loop, 165 
phase-locked loop, 258-259, 266- 
268 

power and efficiency, 111-112 
radio frequency, small signal, 9-15 
saturation, 134, 238, 242 
single tuned, 101 
transconductance, 532-533 
triode vacuum tube, 107—108 
tuned cascode, 15 
variable-gain, 317-319 
video, 454—456 

Amplitude limiters, 232, 242-243 


Amplitude modulation (AM) 78-83, 138, 


475 
broadcast antennas, 439 
modulator/transmitter, 125 
peak detector, 91, 152 
phasor signals, 189 
Amplitude modulation receivers, 88-91, 
182 
automatic gain control, 154 
distortion and feedback, 159-161 
heterodyned, 193 
tuning of, 141 
Amplitude shift key (ASK), 84, 337, 551 
Amplitude-modulated signals 
demodulation, 84—86 
double-side-band/suppressed-carrier 
(DSB-SC), 180-182 


down-conversion of, 140 
power in, 82-83 
single-sideband/suppressed-carrier 
(SSB-SC), 180 
vestigial sideband (VSB), 180-181 
Analog signal dynamic range, 339, 343 
Analog-to-digital converters (ADC), 312, 
348-353 
counter/ramp, 348-350 
servo, 351 
successive-approximation, 350-351 
tracking, 351 
tracking or servo, 315 
AND gate, 348-349 
Angle modulation, 207, 213, 215 (See 
also Frequency Modulation; Phase 
modulation) 
Angular misalignment, 516 
Antenna counterpoise systems, 429 
Antenna design theory, 437 
Antenna feed, 436-437 
Antenna feed losses, 494 
Antenna gain, 427 
Antenna radiation, 424-426 
Antennas 
beam width, 428, 432 
broadcast, 431 
dipole, 424-427, 430-431 
directivity, 427 
effective area, 427 
electric field strength, 426 
ferrite rod with loops, 434 
front-to-back ratio, 432 
helix, 441 
horn microwave, 436-437 
log-periodic, 483-434 
loop, 434 
Marconi, 428-429, 431 


P 


INDEX 


Antennas (continued) 


parabolic microwave dish, 435-437, 
493 
power density, 426 
radiation pattern, 426 
received power, 426 
television, 429-435 
turnstile, 480—433 
Yagis, 4380-433 
Aperture error, 305-306 


Armstrong method, 221, 224 
ASCII code, 359-360, 386 
asynchronous systems, 361, 371 
parity check, 363-364 
Astable multivibrator, 37-38 
Asynchronous communication, 369, 
370-374 
Auto-dial, 375 
Automatic color control (ACC), 468-469 
Automatic fine tuning (AFT), 228 
Automatic frequency and phase control 
(AFPC), 468 
Automatic frequency control (AFC) 
system, 228-229 
Automatic gain control (AGC) circuitry, 
38-39, 86, 94-96, 147, 152-155 
delayed, 231 
gated, 454 
Automatic level control (ALC), 191, 193 
Automatic repeat request (ARQ), 361, 
364, 379-380 
Autotransformer, 17 
Avalanche photodiode (APD), 511 
Axial misalignment, 516 


Bandpass filters, 22, 67-68, 143, 145, 
147, 381 
Bandpass limiter/amplifier, 238, 242 
Bandwidth, 5-6, 77, 99-101 
locked loop condition, 264—268 
optical fiber, 518-519 
Bandwidth improvement, 99-101 
Bandwidth minimization, 480-48 1 
Bandwidth-distance product, 505 
Barkhausen criteria, 28-29 
Baseband spectrum, 83 
Batch data transmission, 379 
Baud rate, 328-329 
Baudot, J.M.E., 270, 358 
BCD system, 360, 362 
BCH coding, 366 
Beat frequency oscillator (BFO), 185, 
189-190, 193 
BEL (bell), 360 
Bell Labs, 366 
Burrus surface-emitting LED, 508-509 
microwave radio systems, 488 
Bessel functions, 201, 210-213, 220, 
504 
Bias, cathode-ray tube, 454-456 


Bias current, collector, 175-176 
Binary phase-shift key (BPSK) 
modulation, 182, 201, 487, 491 
(See also Phase-shift key 
modulation) 
Binary synchronous communications 
(Bisync), 386 
Binary transmission, 328-329 
Binary-weighted resistor converter, 346— 
347 
Biphase transmission, 335 
Bipolar transmission, 335 
Bit, 326, 339, 343 
Bit error rates (BER), 91, 369, 381, 474, 
478, 488, 490, 492 
Bit timing recovery, 383, 485-487 
Bit-oriented protocols (BOPs), 386, 388- 
389 
Bit-stuffing, 480-48 1 
Block check character (BCC), 365-366 
Block check register (BCR), 365 
Bode plot, 165-167, 273, 275 
closed-loop, 266, 268 
frequency response, 269 
open-loop, 265, 267-268, 273, 2/76- 
277 
uncompensated loop, 283 
Boltzmann’s constant, 64 
Bootstrapping, 156-159 
BPSK modulation (See Binary phase-shift 
key modulation) 
Broad-band matching, 118 
Broadcast antennas, 431 
BS (back space), 360 
Buffers, 346, 373 
Burrus, C.A., 508 
Burrus surface-emitting LED, 508-509 
Burst noise, 67 
Butterworth response, 143, 146 
Byte-count protocols, 385-386 


CAN (cancel), 360 
Capacitance, 397 
Capacitance coupling, 15-17 
Carbon resistor noise, 65-67 
Carrier detect (CD) flag, 379 
Carrier signal, 185, 378 
amplitude, 211-212, 216 
double-sideband suppressed (DSB-SC), 
181-185, 189, 211, 216, 466, 
476-477 
drift for phase modulation, 220 
frequency stability, 212, 221 
locally generated, 185 
reinserting, 185 
single-sideband suppressed (SSB-SC), 
190-196 
Carrier signal recovery, 189-190, 201, 
477, 485-486 
Carrier-to-noise (CN) ratio, 243 


947 


Carson's rule, 214-215 
Cascode amplifiers, 15, 138, 150 
Cassegrain-fed antenna, 436-437 
Cathode-ray tubes (CRTs), color, 461, 
463-464 
Centralized networks, 383-384 
Characteristic impedance, 396 
Character-oriented protocols, 385 
Charge-balancing analog-to-digital 
converters, 348 
Chebyshev filter, 143, 145, 380 
Chords, 342 
Chroma circuitry, 464-467 
Chromatic dispersion, 505 
Circuit bandwidth, 214 
Circuit design mixer, 173-174 
Circuit resonant-frequency, phase-shift 
due to, 219 
Circuit switching, 384-385 
Circular polarization, 441 
Citizens band (CB) transceivers, 290- 
291, 293-295 
CCITT (Consultative Committee for 
International Telephony and 
Telegraphy), 198 
2 code, 359, 361 
companding shape, 342 
V41 CRC system, 365-366 
voltage interfacing, 375-378 
x.20 transmission protocol, 386, 388— 
389 
Clapp oscillator, 35 
Class A amplifiers, 9-11, 107-108, 124, 
156, 175-177 
Class AB amplifiers, 124, 156-159 
Class B amplifiers, 107, 124, 156-159 
Class C amplifiers, 107-111, 123, 126, 
22% 
Clear-to-send (CTS), 379 
Clock pulse, 309-311 
Clock rate, 371 
Clock recovery circuit, bit-timing, 486 
Clock signal, 485-486 
Coaxial transmission line, 396 
Codecs, 319-320, 337-338, 343, 351 
Motorola MC 14407/4, 351-352 
phase change modulation telephone 
circuitry, 345-353 
Codes, 358-361 
Coding, 326-328 
Coding gain, 366 
Coincidence detector, 237-238 
Color reference signal, 468 
Color-killer detector, 469 
Color television signals, 201 
Colpitts oscillator, 32-34, 41-42 
Comb generators, 227, 289-290 
Common-carrier microwave link, digital 
radio, 491 
Communication system design, 76-77 
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Communications controller, 371 

Companding, 341-343 

Computer data transmission, 198, 215, 
330-331, 334-335, 358, 384, 490 
(See also Digital headings; 
Intercomputer communications) 

modems, 378-383, 475-486 

Conductor skin depth, 413, 418 

Conical horn antennas, 436-437 

Connectors, optical fiber, 516-518 

Consultative Committee for International 
Telephone and Telegraphy (See 
CCITT) 

Continuous spectra, 486 

Control characters, 360 

Control fields, 388-389 

Convolutional coding, 366 

Costas loop, 189-190, 200-201, 476- 
477 (See also Phase-locked loops) 

Counter/ramp analog-to-digital 
converters, 348-350 

Counters, programmable up-down, 29 1- 
292 

Coupling, 18-22 

Coupling factor, 419-420 

CR (carriage return), 360 

CRC, 365-366, 386 

Critical angle, 501-502 

Crosby automatic frequency control 
(AFC) system, 221, 228-229, 460-— 
461 

Crossover frequency, 165-166, 265 

Cross-talk, 82, 308 

Crystal oscillators, 40-41, 216, 290-291 

frequency stability, 223-224, 231 

Cubic Communications miltiple-loop 
synthesizer, 295 

Cutoff frequency, 414 

Cycle slipping, 270 

Cyclic redundancy checks (CRC), 365- 
366, 386 


D-type flip-flop, 314 

Damping factor, 272-273, 275, 277, 
279, 281 

Dark current, 511 

Data communications equipment (DCE), 
369-370 

Data error rates, 490-49 1 

_ Data errors, 366-369 

Data networks, 383-384 

Data rate, optical fiber, 518-519 

Data services, 358 

Data terminal equipment (DTE), 369-370 

Data transmission, low speed, 365-366 

Data-link control characters, 
nondisplayable, 360 

Data-link control codes, 359-360 

Data-link controller, 371 

DC (Device control) characters, 360 


DeBellescizi, H., 254 
Decimal-to-binary equivalents, 312 
Decoding, telephone dialing tones, 352 
Decoupling networks, 12 
DEL (delete), 360 
Delta modulation (DM), 314-319 
Demodulation, 101, 185, 189, 196 
amplitude modulation, 84-86 
binary phase shift key, 476-477 
digital modulation, 315 
double phase shift key, 479 
frequency-coherent, 220 
frequency modulation, 232-236 
noncoherent, 189 
pulse width modulator signals, 309-— 
31] 
quadrature mixed signals, 200-201 
quarternary phase-shift key, 481-486 
suppressed carrier signals, 185, 193-— 
195, 200-201, 476-477 
video signals, 180-182 
Demodulators, 184, 466-468 
Detector noise output spectra, 243- 
244 
Deviation, 220 
Diagonal clipping, 86 
Dialing procedures, 384 
Dibit, 480 
Dichroic mirror, 517 
Differential phase-shift key (DPSK) 
modulation, 477-479 
Diffraction, 439 
Digital amplitude shift-key (ASK), 511 
Digital communication codes, 358-361 
Digital data communication message 
protocol (DDCMP), 385-386 
Digital data receivers, 91 
fiber optic, 513 
Digital data transmission, 198, 215, 330— 
331, 334-335, 358, 384, 490 (See 
also Intercomputer connection; 
Modems) 
Digital information, 215, 326-328 
Digital modulation (DM), 182, 270, 311- 
319, 475-488 
demodulation, 315 
quantization noise, 319-320 
step size variation, 319 
Digital phase detectors, 258 
Digital processing, 474 
Digital programmer circuit, 350-351 
Digital radio, 474, 491-492 
Digital signals, 335-337 (See also Pulse 
code modulation) 
Digital video processing, 446 
Digital-to-analog converters (DAC), 312, 
315, 345-348 
R-2R ladder-type, 347-348 
weighted resistor, 346-347 
Digitized voice transmission, 198, 312-— 
313, 384 
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Digitizing, 339 
Dipole antennas, 424-427, 430-431 
Direct waves, 440 
Directional couplers, 419-420, 517-518 
Directivity, 419-420, 427 
Dispersion, 500-006, 018 
Distortion (See also Noise) 
circuit-induced, 160 
diagonal clipping, 86 inn 
intermodulation, 134 
peak clipping, 86-87 
Distortion reduction, 164 | 
Distributed networks, 383-384 sf 
Divider systems, 291—295 y 
DLE (data link escape), 360, 387 
Dominant-pole compensation, 167 
Double phase shift key demodulator, 479 
Double-heterostructure (DH), 509-510 
Double-sideband/full-carrier (DSB-FC) 
modulator, 180 c - 
Double-sideband/suppressed-carrier 
(DSB-SC) signals, 181-185, 189, 
211, 216, 466, 476-477 
Double-tuned circuits, 21-24 
Down-conversion, 228—230 
Duplex operation, 370 
Dynamic range (DR), 94, 339-341, 343 


EBCDIC (Extended binary coded decimal 
interchange code), 360, 362, 386 —_ 
Edge-triggered flip-flops, 262, 311 
Effective isotropically radiated power 
(EIRP), 494-495 
EIA.(Electronic Industries Association) 
voltage interfacing, 375-378 - 
Electric fields, 395, 413 
Electromagnetic (EM) waves, 394-395, 
414 (See also Waveguides) 
Electron beams, 449 
Electron gun, 448 
Electronic mail, 375 
Electronic tuning, 89 
EM (end of medium), 360 
Emitter-coupled logic (ECL) dividers, 292 
Encoding techniques, 314, 496 
Encryption, 358 — 
End-surface roughness, 516 
Energy per bit, 490 
ENQ (enquiry), 360, 386 
EOB (end of block), 386 
EOT (end of transmission), 360 
Error correction coding, 365-366 
Error detection, 364-366 
block check character, 365-366 
cyclic redundancy checks (CRC), 365— 
366, 388 6 
parity, 361, 363-364 
vertical redundancy check, 386 
Error rate, modem, 488-49 1 


ESC (escape or break), 360 
= 
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ETB (end transmitted block), 360 


ETX (end of text), 360, 386 
Euler's equalities, 402 
Exclusive-NOR gate, 477-478 
Exclusive-OR gate, 258, 364 


Fading, 442-443, 492-493 
FDM (See Frequency division 
multiplexing) 
Federal Communication Commission 
(FCC) 
bandwidth mask, 491-492 
broadcast requirements, 81-82, 221 
Feedback, 28, 70, 160 
current-sampled series, 159-161 
feeder loss, 493 
frequency effects and stability with, 
164-167 
positive in-phase, 156-159 
series, 160 
shunt, 159-160, 162 
transconductance amplifier, 5832—533 
voltage-sampled series, 159, 162—164 
Ferrule mounting, 517 
FET switch, 304-305 
FF (form feed), 360 
Fiber-optic link, 500, 518-520 (See also 
Optical fiber) 
bandwidth-distance product, 505 
circuits, 508-511 
data rate, 518-519 
dispersion, 505-506 
light propagation, 501-508 
maximum allowable data rate, 506— 
507 
multimode propagation, 518 
narrow return-to-zero data, 507 
power budget, 507, 519-520 
pulse spreading, 505-506 
receivers, 511-513 
signal loss, 515-516 
transmitter devices, 508-511 
wave propagation modes, 505, 506 
Fields, 425 
Filters 
attenuation curves, 526-531 
bandpass, 22, 67-68, 143, 145, 147 
Butterworth, 143, 146 
ceramic, 191 
Chebyshev, 143, 145, 380 
crystal, 191, 196 
Guassian, 143 
harmonic-selector, 289-290 
ideal linear-phase, 52—57 
insertion loss per pole, 146 
interference control and selectivity, 
141-147 
intermediate frequency, 89-90 
low-pass (LPF), 53, 55, 120, 200 
mechanical, 191 - 
narrow-band, 99 


Nyquist, 166, 492 


Q, 5-6, 150 
RC low-pass, 71 
sideband, 190-191 
surface acoustic wave (SAW), 143, 
4563 
tracking, 265-267, 268, 273, 534 
transmit and receive, 380 
Fixed path loss, 493-494 
Flashing light signaling, 500 
Flicker noise, 66-67 
Flyback transformer, 459 
FM (See Frequency modulation) 
Foster-Seeley phase-shift discriminator, 
233-236 
Fourier series equations, 49, 50-52, 55, 
56, 524-525 
Four-level intensity-modulation laser, 480 
Frames (Bit-oriented protocol), 383, 
388-389 
Framing bit, 343, 345-346 
Frequency allocations, television, 447— 
448 
Frequency converters, 88, 137-139 
Frequency discriminator, 228, 230-232 
Frequency distortion, 77 
Frequency diversity, 492 
Frequency divider circuit, 291-292 
Frequency division multiplexing (FDM), 
78, 199, 200-201, 244, 321 
Frequency. drift tolerance, 191 
Frequency folding, 304 
Frequency modulation (FM), 206-215 
amplitude modulation, conversion to, 
Zao 
detection of long-term change, 221 
feedback, reduction of, 228-229 
frequency spectra, 209, 212 
information bandwidth and power, 
213-215 
modulation index, 207—209 


phase-locked loop applications of, 268, 


270 
preemphasis for, 243-244 
reactance modulator, 225-226 
receivers, 141, 231-242 
sidebands and spectra, 209-211 
signal production from phase 
modulation, 223-225 
stereo, 201, 244-247 
thresholding, 243 
transmitter circuits, 221-223, 430- 
431 
wideband, 211-213 
Frequency modulation demodulators, 
101, 232-236 
closed loop frequency, 279 
Foster-Seeley phase-shift, 233-236 
open loop frequency, 279 
phase-locked loop, 279 
Frequency multipliers, 220, 226-227 
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Frequency response 
frequency-shift key demodulator, 279- 
280 
phase-locked loop, 264—268 
Frequency shift key (FSK) transmission, 
337, 383, 491 
continuous-phase (CP-FSK), 380-383 
demodulators, 270-271, 273, 279- 
280 
modems, 270, 378-383 
phase-locked loop applications of, 


270-271 

Frequency stability, 38-40, 166-168, 
195, 227-231 

Frequency synthesizers, 190-191, 196, 
284-295 


Frequency transients, 381 
Frequency-tracking filter, 254-255 
Fresnel loss, 519-520 

Friis’ formula, 97 

FS (file separator), 360 


Gain slope, 225 

Gaussian noise, 367-368, 490 

Germanium diode amplitude modulation 
detectors, 91 

Germanium oxides, 514 

Glass fibers (See Optical fibers) 

Gloge plot, 504 

Golay coding, 366 

Gray code, 361-363, 480 

Graymark tncorporated superheterodyne 
receiver kit, 141-142 

Gregorian-fed antenna, 437 

Grid modulation, 126 

Ground plane conductivity, 428-429 

Grounded vertical antenna, 428-429 

Groundwave, 438-440 

Group delay, 380 

GS (group separator), 360 

G/T ratio, 496 

GTE Lenkurt’s 9002B telephone bank, 
Sal 


Hamming, R.W., 366 
Hamming codes, 366 
Handshaking, 376 
Harmonic distortion, 48, 57-59, 113 
Hartley expression, 331 
Hartley oscillator, 30-31 
Hertz antenna, 424, 427, 430-431 
Heterodyning, 88, 141-142 
High-definition, 446-447 
High-frequency (HF) radio, 191 
broadcast antennas, 439 
carrier signals, 78, 80-81 
transmitters, 125-126 
High-level data link control (HDLC), 386, 
388-389 
Horn microwave antennas, 436-437 
Hold-in range, 262 
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HT (horizontal tab), 360 
Huygen’s principle, 439 


IBM 

Bisync, 385 

synchronous data link control, 389 
IEEE-488 BUS, 196 
IF (See Intermediate frequency) 
Image Orthicon camera, 448-449 
Image-frequency signal interference, 89 
Impedance, 2—4 

primary, 20-21 

series, 19 

series circuit, 3-4 

transmission line, 404 
Impedance matching, 113, 118-124, 

152, 406-408 
Impurity absorption, 507 
Independent sideband (ISB) mode, 191 
Index of refraction, 438, 502, 514 
Inductive coupling, 17 
Inductors, 7-8, 71 
Information bandwidth, 213-215 
Information density, 487, 491 
Information frames, 388-389 
Information theory, 326 
Information transfer rate, 77, 328 
Injection lasers, 509-510 
Input coupling of light, 503 
Integrated optical circuits, 501 
Integrating analog-to-digital converters, 
348 

Intercarrier sound, 453 


Intercomputer communications, 368-369 


(See also Digital data transmission) 
Bisync, 386-387 
data networks, 383-384 
modems, 378-383, 475-488 
multipoint lines, 384 
point-to-point, 384 
switched networks, 384-385 
synchronous protocols, 385-386 
teleprinters, 374-375 
universal asynchronous receiver/ 
transmitter, 370-374 
voltage interfacing, 375-378 
Interface standards, 375-380 
Intermediate frequency (IF) 
amplifiers, 147-152 
transformers, 151 
video, 451-454 
Intermodulation distortion, 134 
Internal quantum efficiency, 508 
International Standards Organization 
(ISO), high-level data link control, 
388-389 
Intersymbol interference (ISI), 308, 485, 
492 
Intramodal dispersion, 505 
lonospheric layers, 439-440 
Isotropic radiator, 426 


Junction capacitance, 217 


~ Kevlar yarn, 515 


Kynar, 514 


Lambertian type radiation pattern, 503 

Laplace transforms, 535-536 

Large-scale integration (LSI), 337 

Lasers, Neodymium: Yttrium Aluminum 
Garnet, 508, 510 

Laser modulators, 510-511 

Lead-lag compensation, 281-284 

Least significant bit (LSB), 339, 363 

LF (line feed), 360 

Light, 500-507 

Light propagation in glass fibers, 501— 
508 

Light sources, 508 

Light-emitting diodes (LEDs), 500, 508— 
509 

Limiter circuits, amplitude modulation 
noise reduction, 232, 242-243 

Line-of-sight (LOS) propagation, 438 

Linear power amplifiers (LPAs), 190 

Liquid-cooled vacuum tubes, 123 

Litz (Litzendraht) wire, 8 

Local oscillators (LO), 200-201, 292-— 
293, 451-454 

Locking, phase-locked loops, 260—26 1 

Log-periodic antennas, 433-434 

Long-distance telephone transmission, 
312-313 

Loop antennas, 434 

Loop compensation, 272 

Loop filter, phase-locked loop, 254 

Loop frequency response, 278-281 

Loop gain, 166, 229, 261-262 

Loop stability, 264, 273 

Loops (See Feedback; Phase-locked 


loops) 

Low-noise amplifiers (LNA), 132-135, 
436-437 

Low-pass filter (LPF), 200, 228-229, 
zoe 


Low-speed data transmission, 191 


M-ary data modulation, 479, 487, 490-— 
491 

Magnetic fields, 395, 413 

Manchester code, 335. 

Marconi antennas, 428-429, 431 

Marconi, Guglielmo, 428 

Mariner IV, TV transmission from, 331 

MARK, 270-271, 335, 379 

MARK-SPACE frequency separation, 
380-381 

Matching networks, 147 

Material dispersion, 505 

Matrixing, color, 469 

Maxwell, James C., 413 

Maxwell's equations, 414 
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Message (M) switched network, 384—- 
385 
Message polynomial, 366 
Microbends, 507 
Microstrip transmission line, 395-396 
Microwave communications link, 488 
direct satellite broadcast, 446 
directional couplers, 419-420 
dish antennas, 435-437, 493 
encoding techniques, 496 
line-of-sight (LOS), 496 
noise budgets, 492-496 
phase change modulation, 486 
power, 492-496 
radio systems, 438, 488 
relay stations, 78 
S-parameters, 408-412 
space diversity, 492 
studio-to-transmitter (STL), 446 
system gain, 492-496 
system threshold, 495-496 
transistor geometry, 133 
tropospheric techniques, 438 
Microwave digital-data transmission 


systems, 200-201, (See also Binary 


phase-shift key modulation; 
Quadrature amplitude modulation; 
Quaternary phase-shift key 
modulation) 
Microwave integrated-circuit (MIC) 
amplifier, 411-412 
Miller-effect capacitance, 15, 167 
Minimum shift key (MSK) modulation, 
381, 383 
Mismatch loss (ML), 406-407 
Mixers, 88-89, 135-140 (See also 
frequency converters) 
active, 138-139, 173-174 
circuit design, 173-174 
double-balanced, 137-139, 182, 185 
switching or sampling, 137 
Modems, 378-383, 475-488 
AT&T, 379-380, 487-488 
frequency shift key, 380-383 
noise and error rate performance, 
488-49 1 
phase shift key, 479, 486-488 
quadrature amplitude modulation, 
486-488 
Modem system design, using MC6860, 
382 
Modes of propagation, 504—505 
Modulation, 78-82 (See also Amplitude 
modulation; Digital modulation; 
Frequency modulation; Frequency- 
shift key modulation; Phase 
modulation; Phase-shift key 
modulation) 
angle, 207 
grid, 126 
minimum shift key, 381, 383 
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Modulation (continued) 
nonsinusoidal signal, 83-84 
pulse amplitude, 302, 304-308, 321 
pulse code, 302, 305-306, 311-314, 
321, 337-353 
pulse duration, 302 
pulse position, 302, 308-311, 321 
pulse width, 302, 308-311, 321 
quadrature amplitude, 201, 378, 474 
475, 479, 484-485, 488, 491 
quaternary phase-shift key, 201, 479, 
486, 491 
single tone, 192-193 
Modulation indexes, 186-188, 207-208, 
215, 218, 220, 226 
Modulator sensitivity, 215 
Modulators, 182-185, 
Morse code, 358 
MOS transistors, 346 
MOSFETs, 138-139 
Most significant bit (MSB), 339, 350 
Motorola Corporation 
amplifier, 113-118 
asynchronous communications 
interface adapter, 381 
codec, 351-352 
modem chip, 380-382 
Optoelectronic Device Data, 510-511 
radio frequency power module, 113-— 
117 
stereo decoder, 245-246 
universal asynchronous receiver 
transmitter, 380 
Mu companding, 342-343 
Multidrop network, 386 
Multifiber cables, 515 
Multihop transmission, 439, 440 
Multipath distortion, 441 
Multiplexing, 77-78 
frequency division (FDM), 198 
phase change modulation channels, 
312-314 
quadrature, 199-200 
time division (TDM), 198 
Multiplier circuits, 220, 226-227 
Multipoint networks, 386 
Multipole Nyquist filtering, 492 
Multivibrator oscillator, 48, 309-310 
Mutual inductance, 18—20 


NAK (negative acknowledgement), 360, 
379-380, 387 

Narrow-band frequency modulation 
(NBFM), 209 

Narrowband compensation, 167 

National Television System Committee 
(NTSC) frequency assignments, 447 

Negative transmission format, 451 

Neodymium: Yttrium Aluminum Garnet 
(Nd: YAG) solid-state laser, 508, 
510 


Neutralization, 112-113 
Noise, 64, 366-369 (See also Error 
correction) 
burst, 67 
flicker, 66—67 
modems, 488-49 1 
phase-locked loops, 271-272 
quantization, 319-320, 340-341 
shot, 65-66, 69, 96, 366-369 
spectral density, 67-70, 490, 496 
system, 64-67 
thermal, 64—67 
transient, 361 
video signal, 469 
Noise bandwidth, 71—72 
Noise circuit calculations, 67—70 
Noise figure (NF), 95-98, 133 
Noise floor, 134 
Noise interference, 77 
Noise margin, loop, 271 
Noise performance, 242-243, 490 
Noise power, thermal, 495-496 
Noise ratio calculation, 97 
Noise sources, 133 
Noise squelch circuits, 238-241 
Noise temperature, 98 
Nondeterministic signals, 184 
Nonlinear input-output, 136-137 
Nonreturn-to-zero (NRZ) transmission, 
SoZ, d34=-3of 
bit-error rate, 368-369 
pulse formats, 491 
NUL (blank), 360 
Numerical aperture, 502—503, 505 
Nyquist channel, 308, 332-333 
Nyquist filters, 166, 492 
Nyquist rate, 303-304, 311 


On-off key (OOK), 84, 511 
Open-loop gain analysis, 31 
Open-wire transmission lines, 394-395 
Optical coupler-isolator, 374-375 
Optical fiber, 515, 518 (See also Fiber 
optic link) 

bandwidth, 518-519 

connectors, 515-518 

core-cladding interface, 508-504 

couplers, 515-518 

fabrication, 513-515 

resonant cavity, 508 

splices, 515-518 
Orbiting Solar Laboratory, 361 
Oscillation frequency stabilization, 228 
Oscillators, 28-29 (See a/so Voltage 

controlled oscillators) 

beat frequency (BFO), 185 

Clapp, 35 

color reference, 468 

Colpitts, 32-34 

crystal, 40-43, 289 

frequency, crystal carrier, 223 
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frequency drift, 193, 198-199 

Hartley, 30-31 

local, 200-201, 451-454 

master reference, 289 

Pierce crystal, 43 

single-crystal reference, 289 

Stability and spectral purity, 39-40 

tuned input/tuned output, 35-36 

untuned, 36-38 

vertical deflection, 456 
Oscilloscope display reading, snaps and 

glitches, 238, 242 


Packet switched networks, 384-385, 
389 
Parabolic dish antennas, 435-437 
Parallel analog-to-digital converters, 
348 
Parallel resonant circuits, 6-9, 35 
Parallel tuned circuits, 8 
Parallel-to-serial conversions, 369, 371 
Parasitic oscillations, 238 
Parity, 360-361, 363-365 
Passband limiters, 232 
PCM (See Pulse. code modulation) 
Peak clipping, 86-87 
Peak collector swing, 177 
Peak deviation, 206 
Peak distortion, 91 
Peak envelope power (PEP) range, 451 
Peak frequency shift, 218 
Peak-amplitude detector, 84—85 
Phase detector (PD), 201, 220, 255- 
258, 484 
analog, 255-258 
frequency modulation demodulator, 
2S2 
in-phase (PDI), 485 
phase-locked loop, 254 
quadrature (PDQ), 485 
Phase distortion, 57, 77, 143, 189-190 
Phase delay, 164-165 
Phase deviation, 207 
Phase error, reinserted carrier, 189-190 
Phase jitter, 485 
Phase linearity, 380 
Phase margin, 166-168, 273, 275, 277 
Phase modulation (PM), 207, 215-221 
broadband audio integration, 228 
demodulation of, 220 
frequency modulation signal 
production, 223-225 
wideband, 219-220 
Phase reversal, 212, 475-476 
Phase shifts, 189, 219 
Phase-detector gain, 257-258 
Phase-lag, 535 
Phase-locked loop (PLL) techniques, 190, 
220, 254-264 
Phase-locked loop frequency 
synthesizers, 291 
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Phase-locked loop 
channel selection system, 453 
closed loop, 266-268 
compensated, 272, 281, 535-536 
demodulator circuit, 232 
frequency modulation applications, 


228, 268, 270 

frequency response derivation, 534— 
536 

frequency shift key applications, 270- 
271 


horizontal sync, 461, 462-463 
lead-lag compensation, 281-284 
loop gain, 245, 261-262 
loop response improvement, 272-281 
measurement circuit, 284 
noise, 271-272 
open-loop frequency response, 267— 
268 
phase-detector, 254, 255-258 
phase margin, 273, 275, 277 
pilot synchronizing, 247 
programmable, 291 
RC filter lag network, 272, 276 
second-order, 278, 280 
static behavior of, 262-264 
synthesized citizen band transceiver, 
293-295 
system response, 265-266 
touch-tone decoder, 352-353 
tracking mode, 261 
uncompensated, 265-267, 268, 273, 
534 
undamped natural frequency, 277 
voltage-controlled oscillator, 254-255, 
259-260 
Phase-shift circuits, 193 
Phase-shift detectors, analog, 237-238 
Phase-shift key (PSK) modulation, 164— 
166, 182, 215, 225, 337, 474, 
487-488 
binary, 475-476 
data error rate, 491 
demodulator, 476-478 
M-ary, 479 
modems, 378 
quaternary, 479-486 
Phase-versus-frequency curve, 218 
Phasor signals, 189, 209, 213 
chroma, 464-466 
Photoconductive materials, 448-449 
Photodiode light detectors, 511-512 
Photoemissive material, 449 
Photolithography, 501 
Photons, 501 
Phototransistor, 511 
Pi (a) matching network, 119-123, 
147 
Pierce crystal oscillator, 43 
Piezoelectric effect, 40 
Pilot signal, 245 


PIN (positive-intrinsic-negative doped) 
diodes, 196, 511 
Pink noise, 66 
Planck's constant, 501 
Point-to-point networks, 384-386 
Polarization, 425 
Polling, 384 
Power, 213-215 
Power amplifiers, 107-112, 118, 164 
Power dissipation curve, 175 
Power loss, 406-407, 441-443, 503 
Poynting vector, 425 
Preemphasis for frequency modulation, 
243-244 
Probability density function (pdf), 367 
Product detector, 185, 193 
Programmable communications interface 
(PCI), 346, 369, 371 
Propagation constant, 401 
Propagation of energy, direction of, 
425 
Propagation reliability, 443 
PSK modulation (See Phase-shift key 
modulation) 
Pulse amplitude modulation (PAM), 302, 
304-308, 321 
Pulse code modulation (PCM), 302, 311- 
314, 321, 337-345 
analog-to-digital conversion process, 
339 
multiplexed, 312-314, 338 
sample and hold circuit, 305-306 
telephone circuitry, 345-353 
Pulse duration modulation (PDM), 302 
Pulse position modulation (PPM), 302, 
308-311, 321 
Pulse repetition frequency (PRF), 332 
Pulse spread, 505-506, 518 
Pulse streams, 336 
Pulse vs. digital modulation, 321 
Pulse width modulation (PWM), 302, 
308-311, 321 
Pulse-swallowing, 291 


Q circuit, 5-6, 150 
Quadrature amplitude modulation (QAM), 
201, 474-475, 479, 488-489, 491 
demodulation, 484-485 
modems, 378 
Quadrature detectors, 232, 237-238, 
352-353, 485 
Quadrature multiplexing (QM), 180, 199- 
200, 216, 466 
Quadrupler circuit, 227 
Quantization noise, 312, 319-320, 340- 
341 
Quarter-wave transformer, 407—408 
Quasi-random data, 486-487 
Quaternary phase shift key (QPSK) 
modulation, 201, 479, 486, 491 
Quaternary transmission, 328-329 
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Radar system distortion, 134 
Radiation loss, 507 
Radiation patterns, Lambertian type, 503 
Radiation resistance, 427 
Radio, digital, 491-492 
Radio frequency choke (RFC), 123 
Radio frequency power amplifiers, 113— 
117 
Radio frequency signal transmission, line- 
of-sight, 438 
Radio frequency-bypass capacitor (RF- 
BP), 123 
Radio signal propagation, 394 
Ratio detector, 236-237 
Rayleigh distribution, 443 
Ray-collimation, 435 
RC phase shift oscillator, 36 y 
RCA stereo decoder, 245-247 “ 
Reactance modulator, 225-226 
Received signal power, microwave link, 
494-495 
Receiver design, 9O-94 
Receiver noise, 96, 496 
Receivers 
amplitude modulation, 88-91, 132 
black and white television, 451-561 
color television, 466-469 . 
Cubic Communication Corporation, 
196 
double-conversion, 196 oT 
fiber optic, 511-513 
frequency modulation, 141, 231, 242 
frequency-synthesized, 194-196 
interference control, 141—147 
quadrature multiplexed, 200 
satellite transponder, 140-141 7 
selectivity, 141-147 a 
single-sideband, 193-196 
tuning, 140-141 
Reflectance, 502—503, 515, 520 
Reflected impedance, 20 
Reflected voltage waves, 409 
Reflection, 396-400, 406-407, 501-502 
Reflection coefficient, 399 
Refractive index, 438, 502, 514 
Request-to-send (RTS), 379 
Resolution, 289-290, 339-340 
Resonance, 4-9, 23 
Responsivity, 511 
Return loss (RL), 406-407 
Return-to-zero (RZ) transmission, 33 1- 
332, 335, 486, 492 
Ringing curves, 281 
RS (record separator), 360 
RS flip-flop, 311 
RS-232-C standard, 375-378 
RS-442 standard, 376 
RS-449 standard, 376-377 


S-parameters, 408-412 
Sample-and-hold circuit, 305-306, 314 


INDEX 


Sampling, 302-308 
Satellite microwave link, 492-496 
Satellite transponder receivers, 140-141 
Scan raster, 449-450 
Scanning, 449 
Scattering, 409, 50/7 
Schmitt triggers, 332, 483 
Schottky barrier diodes, 475 
Scrambling, 480-48 1 
Selection, 384 
Sequence discrimination, 192 
Serial interface, 369-378 
Serial-to-parallel conversions, 346, 369, 
371 
Series circuits, 3-5, 9 
Servo analog-to-digital converter, 348 
Set-reset flip-flop phase detector, 258 
Settling time, 281 
Shadow mask, 461-463 
Shannon-Hartley theorem, 329-330, 337 
Shannon limit, 330-331, 490 
Shift-register/exclusive-OR, 365 
Short-term storage, 346 
Shot noise, 65-66, 69, 96, 366-369 
SI (shift in), 360 
Sidebands, 209-211 (See also Carrier 
signals) 
vestigial, 180-181, 447 
Signal analysis, 48-50, 110 
Signal purity, 38 
Signal spectra, 49 
Signal strength, 94 
Signaling rate, 328-329 
Signals 
nondeterministic, 58-59 
polarized, 429-430 
Signal-to-noise ratio (S/N), 96-97, 100- 
101, 358, 496 
Signal-to-quantization noise ratio, 341- 
342 
SIM (set initialization mode), 389 
Simplex operation, 370 
Single-hop propagation reliability, 443 
Single-sideband/suppressed carrier 
signals (SSB-SC), 190-196 
Sinusoidal signals, 400-404 
Six-bit Transcode, 386 
Skin effect; 8 
Skip zone, 440 
Skywave propagation, 438-440 
Slope detectors, 223-233 
Slotted-line measurement, 403-404 
Small-signal radio frequency amplifiers, 
9-15 
Smith charts, 404-405, 407, 409, 416- 
418 
Smith, P.H., 404 
Snap diode, 227 
Snell's law, 502 
SO (shift out), 360 
SOH (start of header), 360 


SP (space), 360 | 

SPACE, 270, 335, 379 

Space attenuation and atmospheric 
absorption, 442 

Space diversity reception, 492 

Spectral width, 506 

Spectrum analyzer, 58 

Spectrum-symmetry, 480-48 1 

Speech text transmission, 450 

Squarewaves, 48-49, 57, 524-525 

digital transmission formats, 335-336 

Staircase generator, 314 

Standing waves, 401-403 

Star couplers, 516-517 

Start bits, 360, 383 

Start flags, 388 

Static phase error, 261 

Statistical concentration, 385 

Step-index fiber, 504, 506, 514 

Step recovery diode (SRC), 227 

Stop bits, 360, 383 

Stop flags, 388 

Strip line structure, 395 

Stripe contact edge-emitting light- 
emitting diode, 509-510 

Stub tuner, 407-408 

STX (start of text), 359-360, 386 

SUB (start special sequence), 360 

Successive-approximation register (SAR), 
350-351 

Superheterodyne receivers, 88-90, 92- 
93, 100-101, 141-142, 231 

Supervisory frames, 388-389 

Suppressed-carrier signals, 189-190, 
200-201 

single-sideband, 190-196 

Surface acoustic wave (SAW) filters, 
143, 453 

Surface wave, 439 

Surge impedance, 396 

Switched telephone networks, 384-385 

Switched-capacitance analog-to-digital 
conversion, 348 

SYN (Synchronous idle), 360, 386 

Sync character, eight bit, 383 

Synchronous data link control, 386-389 

Synchronous reception of radio signals, 
254 

Synchronous transmission, 369, 383- 
389 

Synthesizers, 190-191, 196, 284-295 

System capacity, 329-331 

System frequency response, 165 

System power gain, microwave link, 
493-495 

System threshold, microwave link, 495— 
496 


T-couplers, 517-518 
Take-off-angle (TOA), 439 
Tank circuits, 10, 30 
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Tank circuit impedance, 218 
Technical Aspects of Data 
Communications, McNamara, John 
EL, 300 
‘Tee’ matching network, 123 
Telecommunication Transmission, 
Freeman, R.L., 366 
Telephone systems, 337, 343-345, 384 
dialing tones-synthesis, 351-353 
frequency division multiplexing, 196— 
199, 201 
long distance toll, 337 
phase change modulation, 319-320, 
345-353 
single side band/suppressed carrier 
modulated, 196 
Teleprinters, 374-375 
Teletext transmission, 450 
Teletypewriter (TTY) connections, 374- 
37D 
Television, 446-447 
antennas, 429-435 
audio bandwidth, 451 
broadcasting, grid modulation, 126 
cameras, 447-449 
cathode-ray tube brightness and 
contrast, 455 
chroma signals, 351, 464-467 
color, 461-469 
horizontal deflection and sync, 459-— 
461 
phase-locked loop channel selection, 
453 
push-button channel selection, 292 
receivers, 441, 451-461, 466-467 
resolution, 450-451 
scan raster, 449-450 
sync separator circuit, 456 
synchronizing signals, 450 
UHF band, 433 
vertical deflection and sync, 456-459 
vestigial sideband (VSB) signals, 180— 
181 
VHF band, 432 
video signals, 181, 450-451 
TELEX interface, 375 
Temperature coefficient (TC), 38-39 
Temporary data storage devices, 373 
Terminal-to-modem interface, 376, 378 
Tetrodes, 108-109 
Thermal noise, 64-65, 96, 100, 366- 
369 
Third-order distortion, 134-135, 137 
Thomas, H.P., 110 
Time averaging, 311 
Time-division multiplexing (TDM), 78, 
198, 306-308, 312-313 
Time-domain reflectometry (TDR), 400 
Tones, telephone dialing, 351-353 
Tracking analog-to-digital conversion, 
348 
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Tracking mode, 255 
Transconductance amplifiers, 532-533 
Transformers, 19-21 
air-coupled, 20-21 
intermediate frequency, 151 
nonideal coupling, 18-21 
Transient noise, 361 
Transients, 396-400 
Transistor emitter resistance, 9 
Transistor mixers (See Mixers) 
Transistor-transistor logic (TTL) data 
pulses, 309, 334-335, 369, 478, 
492 
Transistors 
interdigitated, 133 
MOSFETS, 134 
Transmission, line-of-sight, 438 
Transmission lines, 394—404 
Transmitters, 113, 118, 124, 152, 406- 
408 
amplitude modulation, 106 
frequency modulation, 106 
modulation, 510-511 
phase modulation, 106 
single-sideband, 192 
Transparency mode, 387 
Transverse electric (TE) modes, 413, 417 
Transverse electromagnetic (TEM) wave 
propagation, 395-396 
Transverse magnetic (TM) modes, 413 
Traveling waves, 396-397 
Tribits, 487 
Triodes, 107-108 
Tuned circuit resonant frequency, 33 
Tuned-input/tuned-output oscillator, 35— 
36 
Tuned-radio-frequency (TRF) receivers, 
88-91 
Tuners, 451-454 
Tuning coils, 7-8 
Tuning-diode modulators, angle 
modulation, 219-220 
Tuning of receivers, 141 
Twin-lead transmission lines, 394-396 


Two-part network transmission, 409-410 


_ TWX interface, 375 


UHF communications, 109, 492-496 

Undamped natural frequency phase- 
locked loop, 272 

Universal asynchronous receiver/ 
transmitter (UART), 370-374, 380 

Universal data receiver/transmitters, 369 

Universal synchronous/asynchronous 
receiver/transmitter (USART), 371 

Up-down counters, 314-315 

Up-down staircase generator, 315 

US (unit separator), 360 


V.24 standard, 376-377 

Vacuum tube oscillators, 35 

Vacuum tubes, black and white 
television, 455 

Varactor, 227 

Variable-gain amplifier (VGA), 317-319 

Variable inductor, 32 

Varicap voltage controlled oscillator, 222 

Vector diagram, phase-shift 
discriminators, 234-235 

Vertical blanking interval, 450 

Vestigial sideband (VSB) signals, 180— 
181, 447 

Video (See Television) 

Vidicon camera tube, 448-449 

VIR transmission, 450 

VITS transmission, 450 

Voice dynamic range, toll-grade lines, 
343 : 

Voice pulse code modulation (See Pulse 
code modulation) 

Voice transmission, 77-78, 191, 193, 
196 

Voltage comparator detector 
preamplifier, 513 

Voltage standing-wave ratio (VSWR), 
403-404 

Voltage-controlled oscillator (VCO), 206, 
222-223 


INDEX 


frequency modulation, 221, 232 
frequency shift key modems, 378— 
379 
frequency stability, 227-231, 265 
phase-locked loop, 254—255, 259, 
264-265 
Voltage-tuned oscillator (VTO), 206 
VT (vertical tab), 360 


W-index fiber, 514-515 
WACK (wait, or delay before ACK is 
acceptable), 387 
Wave analyzer, 48 
Wave impedance, 396, 425 
Wave propagation, 401, 424, 438-44] 
field configurations, 415 
frequency, 414, 416 
optical fiber, 503-504 
velocity, 397-398, 400-401 
Wavefronts, 414-415 
Waveguide modes, 413-416 
Waveguide scattering, 507 
Waveguides, 412-418 
boundary conditions; 413 
characteristic impedance, 417 
coupling to, 416 
dispersion, 503 
Smith charting of, 416-418 
transverse electric mode propagation, 
417 
Wavelength, 394 
Wavelength measurement, 394, 403— 
404 
Western Union TELEX code, 358-359 
Wheeler, H.A., 396 
Wideband frequency modulation 
(WBFM), 211-213 
Wideband phase modulation, 219-220 
Wien bridge oscillator, 36—37 
Words per minute (wps), 374 


X-ray lithography, 501 


Yagi (Yagi-Uda) antennas, 431-433 
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